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Motion Picture Sound Recording 
at USAF Lookout Mountain Laboratory 


H. M. Tremarnet 
USAF Lookout Mountain Laboratory, Hollywood, California 


anes TO the advent of practical magnetic recording 

and commercial stereophonic systems, the art and prac- 
tice of sound recording and reproduction for motion pictures 
had become fairly well established and standardized. Simul- 
taneously with the new sound techniques came 3-D motion 
pictures and wide-screen projection. Each new method or 


Fig. 1. USAF Lookout Mountain Laboratory, Hollywood, Cali- 
fornia. 


* Presented at the Second Annual West Coast Convention of the 
Audio Engineering Society, Los Angeles, February 4-6, 1954. 
t Civilian Chief, Sound Division. 


Fic. 2. Westrex RA-1497-C magnetic film recorder and mixer 
panel. 


system presented additional problems to the sound recording 
engineer. Because the art is in a constant state of flux, it is 
advisable to keep both recording and projection systems 
flexible so that new situations can be met as they arise. 

At the United States Air Force Lookout Mountain Lab- 
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oratory, Hollywood, California (Fig. 1), these problems have 
received extensive consideration because several million feet 
of both 16- and 35-mm motion picture film must be re- 
corded, processed, reproduced, and screened each year. The 
finished product may be 16- or 35-mm black-and-white film 
or color film. 

Although a given film may have been intended originally 
for 35-mm release, it often ends up as a 16-mm picture. 
This requires that both 16- and 35-mm recording and re- 
producing equipment be quite flexible and capable of being 
interlocked electrically. Furthermore, the recording charac- 
teristic of a 16-mm sound track differs from that of a 35-mm 
sound track. Therefore, when re-recording is done from 
35 mm to 16 mm, the recording characteristic must be 
changed. This requirement has led to the development of 
special equipment for both recording and reproduction. 

Because of the nature of the work performed by Lookout 
Mountain Laboratory, many of the sound tracks and much 
of the photography are in the nature of “one-shot” affairs: 
They cannot be remade or duplicated. This requires that 
equipment used on location be able to stand up under rigid 
conditions and use and that caution be exercised at all times 
by the recording crew to insure that the original sound 
tracks are correctly made and of the best quality possible. 

It is the policy at Lookout Mountain Laboratory to record 
all original sound tracks made on location and also on the 
stages on magnetic film, using Westrex model 1497-C mag- 
netic film recorders (Fig. 2). These sound tracks are re- 
corded using the dialogue recording characteristic generally 
regarded as standard by the motion picture industry. Later, 
the magnetic sound tracks are transferred to 35-mm class 
B push-pull photographic sound tracks for editing. The 
original magnetic film is then stored until the photographic 
negative has been cut, re-recording completed, and an 


FETE ON, 


Fic. 3. Westrex RA-1231-A 16-mm photographie film recorder. 


MOTION PICTURE SOUND RECORDING AT USAF LOOKOUT MOUNTAIN LABORATORY 


Fic. 4. Westrex RA-1502-A magnetie film recorder-reproducer, 


with provisions for optical reproduction of photographie sound 
tracks. 


“answer” print returned. The tape is then erased, in- 
spected, and made ready for use again. 

When the Editorial Division has finished editing, using 
the push-pull photographic print, the negative is cut. From 
the cut negative a “‘trans-track” print is made for re-record- 
ing purposes. The term “trans-track” means transfer track; 
it eliminates small damages caused by handling during 
the editing period. The visual density of this print is higher 
than normal, and it is processed under a ten-point quality 
control program. The use of this special sound track yields 
a higher signal-to-noise ratio plus an over-all improvement 
in sound quality. Also, because the photographic track used 
is of the push-pull type, the “blooping” of splices is elimin- 
ated almost entirely, except in a few instances. 

During the re-recording operations, music, sound effects, 
and additional dialogue are added as required, and fre- 
quency-response characteristics are corrected, if necessary. 
When practicable, noises are filtered out, and other correc- 
tions are made, such as adding presence to voices, increasing 
or decreasing the high- and low-frequency response of music, 
changing the characteristic of sound effects to obtain the 
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Fig. 5. Amplifying equipment for electronic ‘‘ printing’’ channel. 


most dramatic effect, and others too numerous to mention. 

As previously stated, the “trans-track” is used for re- 
recording. During this operation a magnetic-film sound 
track is made containing a composite of the dialogue, music, 
and sound effects. Later, this magnetic master sound track 
is transferred to a suitable photographic sound track nega- 
tive for use in making the ultimate release print. By the time 
this point has been reached, it is expected that the Sound 
Division will have been advised as to what type of release 
print is to be made, whether it is to be a 16- or 35-mm 
black-and-white composite, a Kodachrome or Ansco-Color 
print, or a print made by the Eastman negative-positive color 
process. 

For optical reduction printing to Kodachrome, a 35-mm 
black-and-white track print with a visual density of 1.90 is 
made. If only a small number of prints are required, the 
composite magnetic sound track may be recorded directly to 
Kodachrome duplicating stock with a Westrex 1231-A 16- 
mm variable-area photographic film recorder (Fig. 3). For 
this operation the picture is first exposed on the Kodachrome 
duplicating stock and a sync mark provided for the sound 
track. The Kodachrome duplicating stock is then threaded 
in the recorder and the sound track recorded in the usual 


Fic. 8. Monaural re-recording mixer console. 
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Fic. 9. Block diagram of split channel. 


The electronic transfer of the sound track from 
the magnetic film to the photographic film eliminates several 
intermediate steps, resulting in an over-all improvement in 
sound quality. If additional prints are required, the process 
is repeated. The electronic “printing” channel consists of 
a Westrex 1502-A magnetic recorder-reproducer (Fig. 4) 
and a transfer channel (Fig. 5). 

The re-recording facilities at Lookout Mountain consist 
of eleven RCA photographic soundheads (Fig. 6); three 
RCA 35-mm_ variable-area photographic film recorders 
(Fig. 7); one Cinema Engineering Co. 35-mm magnetic film 
recorder; and one Westrex 1502-A magnetic film recorder- 
reproducer with provisions for the optical reproduction of 
photographic sound tracks. The two Westrex portable mag- 
netic film recorders shown in Fig. 2 may be patched into 
the re-recording channel if additional equipment is required. 

The re-recording mixer (Fig. 8) is of the split-channel 
type, one section being used for dialogue and the other for 
music and sound effects. A simplified block diagram of the 
split channel is shown in Fig. 9. 


manner. 


At the left side of the block diagram are the output cir- 
cuits from the soundhead preamplifiers, each normaled to a 


mixer pot. Mixer pots P; and P, terminate in a combining 
network feeding the dialogue section of the channel. Mixer 
pots P; to Pio are divided into two groups, pots P; to P. and 
pots Pz to Pio, each operating into separate dividing net- 
works. The outputs of the two networks are combined in 
a coil and feed the balance of the channel. 

Returning to the output of the combining network for pots 
P, and Ps», this network is connected to the input of a 
booster amplifier. At the output of this amplifier is an 
attenuator, P;;, embodying a loss of 20 db and variable in 
steps of 1 db for controlling the input level to the compressor 
amplifier. Situated at the output end of the compressor 
amplifier is Pj). (an attenuator similar to P;,), employed 
as a “ceiling” control for adjusting the amount of compres- 
sion above and below that normally employed. 

After the “ceiling” control, P2, is a dialogue equalizer of 
the bridged-T type, an isolation coil, 7,, and a variable high- 
pass filter covering frequencies from 80 to 150 cps. The 
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isolation coil, 7,, separates the grounds between the dialogue 
equalizer and the high-pass filter. The output of the high- 
pass filter feeds an RCA re-recording compensator, permit- 
ting a wide range of equalization. Two additional com- 
pensators are available by patching. Following the com- 
pensator is a second booster amplifier to compensate for the 
insertion loss of the compensator network. The output of 
the booster amplifier is connected to one primary of a mixer 
combining coil, T». 

The music and effects section consists of a booster am- 
plifier connected at the output of the combining networks 
from mixer pots P; to P;9, a background reduction amplifier, 
and three variable attenuators, P13, Pi,, and P15, respec- 
tively. The attenuators P,, and P,;, at the input and output 
of the background reduction amplifier, are similar in design 
to the input and “ceiling” controls associated with the com- 
pressor amplifier. Pot P,; is an over-all control for the 
effects section of the channel, permitting the fading out of 
the combined music and effects as a whole. The output side 
of P15 is connected to the second primary of the mixer com- 
bining coil, 72. The over-all gain for a given setting of the 
attenuators is within 1 db for both sections of the channel. 


The secondary of the mixer combining coil, Ts, feeds a 
low-pass filter and a high-pass filter connected in tandem. 
The signal then goes to the input of a line or recording am- 
plifier. This amplifier feeds the bridging bus, which is ter- 


minated in a resistance; the latter, when in combination 
with the equipment normaled across the bus, presents the 
proper load impedance to the output of the recording am- 
plifier. 

Between the output of the first booster amplifier, in the 
dialogue channel, and the side or control amplifier of the 
background-reduction amplifier is connected an attenuator, 
P,;, for controlling the amount of background reduction. 
Normally 10 db of background reduction is employed, con- 
trolled by the dialogue level from the upper section. The 
frequency characteristics of the background-reduction am- 
plifier are such that it responds only to frequencies within 
the dialogue frequency range. Generally background re- 
duction is controlled manually, the automatic control being 
used only when manual control is not practicable. 

Returning to the bridging bus, several pieces of equipment 
are normaled across the bus permanently for convenience 
of operation. These units consist of bridging amplifiers for 
driving the film recorders, noise-reduction amplifiers for the 
film recorders, a neon VI meter, a monitor relay control 
panel, and one or more magnetic film recorders. Additional 
equipment may be patched across the bridging bus without 
upsetting the latter’s impedance, provided that the bridging 
impedance is 30,000 ohms or greater. The bus, with its 
normal complement of equipment bridged across it, presents 
an impedance of 600 ohms. Additional bridging inputs may 


be connected across the bus up to the point where the bridg- 
ing-bus impedance drops to 550 ohms, without affecting the 
distortion characteristics of the line amplifier. 

The relay control panel is designed to permit the use of 
photocell monitoring at the film recorder, or the use of moni- 
toring heads at the magnetic film recorders. As a rule, this 
latter type of monitoring is not used because of the time 
delay in reproduction. For either photocell or magnetic 
monitoring the necessary circuits are patched into the moni- 
tor relay panel as required. 

After the monitor relay panel is a monitor compensator 
for setting the monitor characteristics for either 16- or 
35-mm reproduction. The output of the compensator feeds 
a standard RCA theater-type PG-140 amplifier and a two- 
way loudspeaker system behind the screen. 

Bridged across the output of the monitor relay control 
panel is a PA relay control panel, permitting the monitor 
loudspeakers to be used for communication. The necessary 
microphones for the PA system are connected when the push- 
to-talk buttons are actuated at the stations. 

The high-frequency limits of the recording channel may 
be changed by the use of three low-pass filters, namely 6 kc, 
8 kc, and 10 kc. A 45-cps high-pass filter is normaled in the 
channel to limit the low-frequency response, as it is not de- 
sirable to record below this frequency. For dialogue 
recording the variable high-pass filter is set to 80 cps, and 
the variable compensator is adjusted for the best quality 
and presence. An additional pair of high-pass and low-pass 
filters, not shown, are available by patching when required. 

Included in the mixer console are remote control switches 
for the control of the house lights, ventilation, the red-light 
warning system throughout the building, power to the theater 
amplifier system in the projection booth, as well as the 
monaural or stereophonic reproduction setup. Order wires 
and PA controls are conveniently placed for ease of opera- 
tion. All the above-mentioned controls are duplicated in 
the projection booth at each projector position. 

For stereophonic re-recording the situation becomes quite 
complex. To provide such facilities and still preserve the 
integrity of the normal monaural recording system, a sep- 
arate mixing console designed to operate in conjunction with 
the one just described was designed. When required, this 
separate mixing console is rolled to the end of the regular 
console and the two are interconnected by means of three 
cables. 

The block diagram for the stereophonic re-recording mixer 
and triple recording channel is shown in Fig. 10. At the left 
are the outputs from the mixer pots in the monaural console, 
which are patched into the inputs of the booster amplifier 
feeding the six pan-pots, P;, through Pi, and the four lower 
mixer pots, P; through Po, of the monaural console, in 
the desired order of use. 
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Fic. 10. Block diagram of stereophonie channels. 


Each pan-pot has three outputs, left, center, and right, 
connected to a combining network with three outputs. This 
circuit permits the six pan-pots to spread over the three 
recording channels as required. The three outputs of the 
pan-pot combining networks feed three hybrid coils, 7, 
T2, and T;, respectively, which are connected to the three 
magnetic film recording channels. The use of hybrid coils in 
these positions prevents interaction between the pan-pots 
and the four lower mixer pots. 

The output of each individual hybrid coil is connected to 
a channel gain control, low-pass filter, recording amplifier, 
and finally to one head of a triple-headed magnetic film re- 
corder. The equipment for each one of the three channels 
is identical with respect to gain, frequency characteristics, 
noise, etc. 

The four mixer pots, P; through Pj, are used for con- 
tinuous effects that must cover the three recording channels 
simultaneously while other sounds are being moved across 
the screen. This is accomplished by feeding the output of 
the combining networks of mixer pots P; through Po into 
the primary of a mixer combining coil, 7,; three separate 


secondaries on this transformer feed three booster amplifiers 
which, in turn, feed the lower primaries of the three hybrid 
coils T7,, T2, and T3. 

Monitoring is provided for each channel by bridging the 
output circuit of the recording amplifier, then feeding the 
signal successively to a separate voltage amplifier, compen- 
sator panel, power amplifier, and a loudspeaker system. 
Each monitor channel has a separate gain control for ad- 
justing the signal level to the monitor amplifier. A three- 
gang remote volume control, P23, is mounted at the console 
to permit over-all level adjustment of the three monitor 
channels simultaneously. Each monitor channel uses a 60- 
watt power amplifier for driving its loudspeaker system. 

Standard VU meters, M,, Mz, and Mz, are connected 
across the output of each recording amplifier to permit 
observation of the percentage of modulation while recording. 
A separate VU meter, M,, is supplied for testing and lining 
up the channels and for setting the monitor levels. This 
meter is also used for checking the operating voltages to the 
amplifying equipment. 

The magnetic recorder employs two triple-head assemblies, 
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Fic. 11. Supporting frame for CinemaScope wide screen and 
speakers for stereophonic reproduction. 


one for recording and the other for playback. The recording 
medium is 35-mm magnetic film, running at 90 feet per 
minute. 

Two relays, R; and Re, controlled from the console, pro- 
vide a ready means of switching from record to playback and 
eliminate the need for patching. In the playback position, 
the relays disconnect each recording head and terminate 
each recording amplifier in a resistive load, the high-fre- 
quency bias-current oscillator for the magnetic recorder is 
made inoperative, and the playback circuits from the mag- 
netic recorder are connected to the inputs of the respective 
voltage amplifiers of the monitor system. 

When the stereophonic console is used in conjunction with 
the monaural console, only the patching of the monaural 
mixer pots to their desired positions is required. At least 
two additional persons are needed to operate the stereo- 
phonic console in addition to the personnel regularly re- 
quired for monaural recording. By the use of separate 


Fic. 12. CinemaScope screen mounted on frame. 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


power supplies for the stereophonic console adequate isola- 
tion is obtained between the two recording systems. 

Stereophonic recording of original sound tracks is confined 
to music and dialogue. A three-channel pickup is used, 
employing three microphones, even for narration. Monaural 
sound effects from the existing sound effects library are used. 
This results in a “pseudo-stereophonic” sound track, in so 
far as the sound effects are concerned. However, this 
method, used by several motion picture studios in Holly- 
wood, has proved quite satisfactory. 

The equipment for dialogue stereophonic recording is 
similar to that used for re-recording except that a three- 
position mixer is used without pan-pots. 

The projection screen used during re-recording operations 
is aluminized; it is designed for use with standard and wide- 
angle projection, CinemaScope, and also for 3-D projection 


Fig. 13. Re-recording amplifier bay, cross-modulation and trans- 
mission measuring equipment. 


with polarized glasses. Construction details of the frame- 
work which supports the screen are shown in Fig. 11. It will 
be noted that the framework is curved and is a segment of 
the projection radius, taken from the center of the projector 
lens. The ratio of the screen length to its height is 2.55:1, 
the ratio used for CinemaScope projection. This results in 
a picture size 25 feet by 9 feet 8 inches, as shown in Fig. 12. 
Each of the three speaker systems is driven by a separate 
60-watt class A amplifier with a compensating network in 
between the voltage and power amplifier to permit the 
matching of speaker characteristics and to provide the proper 
cutoff frequency. 

In Fig. 13 are shown the amplifier bays for two monaural 
recording channels, also equipment for making transmission 
and cross-modulation measurements. Amplifying equipment 
for the stereo console is contained within the stereophonic 
console proper. 
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Fic. 14. Main projection room used for re-recording. Looping 
soundhead may be seen at extreme right. 


Fie. 15. CinemaScope anamorphic lens mounted on Simplex E-7 
projection machine. 


All recording equipment permanently installed is powered 
by direct current from eighteen low-voltage power supplies 
and nine high-voltage supplies, the latter being of the regu- 
lated type. The low-voltage supplies, used for tube heaters 
and for recorder exciter lamps, are fed from constant-voltage 


transformers. Four additional dry-disk rectifiers provide 
power for signal and relay control. 

The main projection room, Fig. 14, operates in conjunction 
with the re-recording section of the Sound Division and is 
equipped with two Simplex 35-mm E-7 projectors and with 
one Eastman EK-25 16-mm projector. Each Simplex pro- 
jector is fitted with a preview attachment for running sep- 
arate picture and sound track and also with a standard lens 
and an anamorphic lens, the latter for CinemaScope-type 


projection. The Eastman projector is also fitted with an ana- 
morphic lens and a selsyn interlock motor. A CinemaScope 
lens mounted on one of the Simplex E-7 projectors is shown 
in Fig. 15. Tungar rectifiers supply direct current to the 
three projectors. Each machine is equipped with a multiduty 
motor, permitting operation with a selsyn interlock dis- 
tributor; they may also be run independently as straight 
synchronous motors. 

A control panel is provided at each projector, containing 
an order wire, talkback microphone and speaker, interlock 
and sync-run switches, controls for the house lights, remote 
dimmer control, douser and emergency power cutoff switches 
for the projectors, and remote controls for monaural or 
stereophonic reproduction. A standard RCA 35-mm head 
with a 50-ft spool-bank is also available for looping opera- 
tions. A room adjacent to the projection booth houses three 
selsyn-distributor units (Fig. 16), their associated control 
panels, and the tungar rectifiers for the projectors. Three 
5-ft relay racks complete the projection room installation. 
These racks contain the voltage and power amplifiers, com- 
pensating networks, jack strips, relays, and other equipment 
essential to the stereophonic and monaural reproducing 
equipment. 

Projection rooms | and 2 are equipped with special instal- 
lations. Room i has three JAN-D4 16-mm projectors and 
one 35-mm projector; each projector operates into a Stephens 
two-way speaker system. Because of the large number of 
release prints that must be screened per year, this room has 
been furnished with a projection screen large enough to pro- 
ject three pictures simultaneously, thus saving many hours 
in reviewing time. Remote control of the sound permits the 
viewer to select the sound output from any one of the three 
projectors as desired, for checking sound quality. The light 
intensity and sound level of each machine is measured daily 
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Fic. 16. Selsyn distributor units. 
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Fic. 17. Combination of 35-mm sound track and 16-mm projee- 
tion machines, room 2. 


to assure uniform viewing and listening quality from day to 
day. A variac is connected in the lamp circuit of each 
machine to adjust the light level, thus permitting compensa- 
tion for the dropping off of light intensity due to aging of 
the incandescent lamps. 

During the editing of a picture, it is necessary that the 
Editorial Division be able to screen the picture with its sound 
track or sound tracks for cueing purposes and for review by 
the Production Division. This may require projection of a 
16-mm picture with a 35-mm sound track, or it may be 
necessary to project work prints with up to four sound 
tracks, or even more, containing music, dialogue, and sound 
effects. To satisfy these requirements in an orderly manner, 
without loss of time, requires a very flexible projection setup. 
Therefore, it was felt that a special machine should be 
developed which would permit the screening of 16-mm pic- 
ture and 35-mm sound track simultaneously by the same 
unit and would not require the use of a selsyn distributor 
system for its operation. Figure 17 is a picture of such a 
machine, developed and built by the Sound Division, which 
will permit the screening of a 16-mm print with a 35-mm 
sound track, or a 16-mm composite print. As the booth 
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contains two such machines, continuous screenings are pos- 


sible, thus saving a considerable amount of time over the 
year. If necessary, magnetic sound tracks may be run in 
sync with these machines, as described below. Also, separate 
16-mm picture and sound track may be run by using both 
machines; however, this requires the use of a distributor 
unit. 

Basically the combination 16- and 35-mm machine consists 
of a standard RCA 35-mm soundhead, driven by a multiduty 
motor. No major alterations have been made in the sound- 
head, except to mount an Ampro model YSA-4 16-mm pro- 
jector over the multiduty motor and to interconnect the head 
and projector mechanically by means of a Gilmer belt and 


Fig. 18. Side view of special projector, showing the Gilmer beit 
and gear drive. 


Fic. 19. Operating side of special projector. Machine threaded 
for use. 
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gears. The belt and gears may be seen in Fig. 18. Figure 19 
is a side view of the same machine threaded up for operation. 
The internal motor of the Ampro projector is not energized 
electrically. It is permitted to rotate and act as a mechanical 
filter. If this is not done, a considerable amount of flutter 
may develop. 

Figure 20 is a simplified block diagram of the installation 
in projection room 2. At the upper left are shown the 
photocells with their associated preamplifiers; the latter are 
connected to a selector relay panel, remotely controlled from 
the machines. The output of the relay panel normals to a 
30-watt projection amplifier and an RCA two-way speaker 
system, used for both 16- and 35-mm reproduction. 

To permit the Editorial Division to review picture and 
sound track prior to dubbing, a four-position mixer in a 
small console is provided in the auditorium associated with 
projection room 2. Magnetic or photographic sound tracks 
may be run from the soundheads in the projection booth or 
from the soundheads in the machine room through the mixer 
panel and the levels set for dubbing. The editors are then 
able to check levels and cueing of the various sound tracks, 
thus saving many hours of delay during the re-recording 
sessions. 

At times problems arise on location that require special 
handling of sound tracks. In one instance, it was necessary 
to apply magnetic striping to certain pictures for the purpose 
of recording commentary in a forward area. This problem 
was met by the use of a magnetic sound track laminating 
machine, manufactured by the Minnesota Mining Co. (Fig. 
21). The procedure employed in connection with magnetic 
striping was as follows: First, the picture was photographed 
in the normal manner; then a print was made. This print 
was cut, then magnetically striped, using the laminating 
machine. The print was then projected on an RCA series 
400, 16-mm recorder-projector, equipped with magnetic re- 
cording and reproducing facilities. With the narrator watch- 
ing the action on the screen, the commentary was recorded 
on the magnetically striped film. 
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Fic. 20. Block diagram of projection room 2. 
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Fic. 21. Magnetic laminating machine, 16-mm (Minnesota Min- 
ing Co.). 


In addition to the RCA series 400 projector-recorder, two 
Magnecord quarter-inch tape machines were used. These 
machines were connected to the recording circuits of the pro- 
jector through a simple mixer network. One machine sup- 
plied main- and end-title music; the other recorded the 
narration for safety and to permit the making of additional 
prints. 

The film which is to be magnetically striped is threaded 
on the laminating machine transport mechanism, starting at 
the large reel at the lower left, over the drum: at the left 
center, then over the spool-bank in the center of the machine, 
and back to the lower right-hand take-up reel. The laminat- 
ing material is an iron oxide emulsion on a cellulose backing 
and is fed from the small upper left-hand spool downward 
to the film base over a heater and two drums and then 
brought into contact with the film base. Micrometer adjust- 
ments calibrated in thousandths of an inch are provided for 
setting the laminating material for correct track placement 
and width. The laminating material comes from the manu- 
facturer 250 mils in width. For 16-mm film, a 60-mil width 
is used. The unused portion is cut off and wound on the 
small upper right-hand spool and may be used again. The 
cellulose base is removed from the sound track just before 
reaching the lower right-hand take-up reel. Satisfactory 
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laminating has been performed at speeds up to 80 feet per 
minute. se 

The Sound Division also has the-responsibility of operat- 
ing and maintaining a complete radio-telephone network, 
consisting of two base stations, nine mobile units, and four 
packsets for use by field parties. 

In addition to the recording facilities described above, the 
Laboratory has facilities for processing 16- and 35-mm film, 
both in black and white and in color, and for writing, scoring, 
animation, editorial work, production, and shooting. There 


is also a film library and supply and maintenance shops. 

I wish to express my appreciation to my assistant, Mr. 
Michael E. Thornton, for his assistance in the development 
of the many devices used by the Sound Division; to Mr. 
Robert W. Houts, who is in charge of the Sound Shop; and 
last, but not least, to Col. James L. Gaylord, Commander of 
Lookout Mountain Laboratory, for his understanding and 
appreciation of the problems involved in the recording and 
reproduction of motion pictures. 
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An Experimental Study of Distortion® 
C. J. LEBet 


Audio Instrument Co., Inc., New York, New York 


There has been an unfortunate tendency to accept mathematical theories without adequate 


laboratory test of their practical applicability. This prompted an experimental study of the relation 
between intermodulation and harmonic distortion in various single amplifier stages and in a complete 
push-pull amplifier. The results indicate that the ratio of percentage intermodulation distortion 
to percentage harmonic distortion may vary between less than 0.2 and over 10. Accordingly, the 
widely published predictions of a ratio between 3.2 and 3.8 are shown to be often incorrect, probably 


because of the inadequate scope of the mathematical treatment. 


INTRODUCTION 


NGINEERS have an unfortunate tendency to revere the 
mathematician. Thus, highly idealized theories are not 
subjected to a laboratory test of their validity. The mathe- 
matician is often the first to admit that he has used a grossly 
oversimplified treatment, simply because the problem would 
become more difficult if rigorously treated. Nevertheless, 
the most elegant mathematical development is valueless to 
the engineer if it is not in accord with physical reality. 

An equally serious fault, fortunately limited to a few or- 
ganizations, is to perform an experiment in similarly elegant 
fashion—so far removed from reality, so idealized, that it 
has no engineering applicability. A good example of this 
may be found in a number of experiments which purported 
to prove that the public had no interest in high-quality sound 
reproduction. 

The subject of distortion measurement has suffered both 
from inadequately tested mathematics and from the over- 
idealized experiment. It was therefore felt desirable to 
make an experimental study (conforming as closely as pos- 
sible to actual use conditions) of distortion characteristics of 
typical amplifiers. The results show that the relation be- 
tween harmonic and intermodulation distortion is highly 
elastic and very uncertain as applied to a specific amplifier. 
It is not possible to compute intermodulation distortion from 
harmonic distortion values, unless an error of up to fifteen- 
fold is permissible. 


PRIOR WORK 


There was considerable work in Europe on the subject of 
intermodulation measurement from 1929 on, but the first 


* Presented at the Sixth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-16, 1954. 
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and most definitive American publication was that of Frayne 
and Scoville’ in 1939. They discussed a type of intermodula- 
tion meter especially suited for motion picture film and equip- 
ment work. They compared intermodulation and harmonic 
methods of measuring distortion, to the favor of the former. 
They made a simple mathematical study, concluding that 
with second-order distortion only the relation is 


% Intermodulation distortion/% Harmonic distortion = 3.2 


With the only distortion being third-order, the ratio 
changes to 3.84 at low distortion, and to 3.6 at intermodula- 
tions of the order of 20%. 

All their tests were made with a ratio of low-frequency 
voltage to high-frequency voltage of 4:1 and on unspecified 
models of the following motion picture recording equipment: 
amplifiers, light valves, and film. Tests were made with the 
same peak output voltage in both cases, and an average- 
reading meter was used (as has been the case ever since in 
the industry). 

Warren and Hewlett,? in 1948, introduced more mathe- 
matics into the discussion but came to essentially the same 
conclusion with one exception. Under certain conditions the 
ratio of intermodulation to harmonic distortion might be as 
low as 1, since it varied with the distortion law. 

Roddam,* in 1950, calculated a ratio of 2.8 for second- 
order distortion and indicated that higher-order distortions 
produced an increased ratio. Like others before him, he used 
a power series of few terms in the calculation. 


1J. G. Frayne and R. R. Scoville, “Analysis of Measurement of 
Distortion in Variable Density Recording,” J. Soc. Motion Picture 
Engrs., 32, 648-673 (June, 1939). 

2 W. J. Warren and W. R. Hewlett, “An Analysis of the Intermodu- 
lation Method of Distortion Measurement,” Proc. 1.R.E., 36, No. 4, 
p. 457 (April, 1948). 

3 Thomas Roddam, “Intermodulation Distortion,’ Wireless World, 
46, No. 4, pp. 122-125 (April, 1950). 
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Callendar,* in 1950, pointed out that, judging by the re- 
sults of measurements on tube performance, tube character- 
istics could not be accurately represented by a power series 
with strongly convergent coefficients. Conventionally cal- 
culated ratios were therefore in error. 

Finally, Bloch,> in 1953, made a more extended mathe- 
matical study, predicting a ratio of 2.82 if the output voltage 
used in the harmonic test were 1.41 times the low-frequency 
voltage used in the intermodulation test. 

None of the references cited shows any evidence of an ex- 
tended and systematic experimental check on the mathe- 
matical interrelations, so the writer felt it about time to study 
the matter under as many practical conditions as possible. 


METHOD OF TEST 


Everyone has conceded that the harmonic method of dis- 
tortion measurement is fatally misleading in a system of such 
limited frequency range that harmonics are seriously attenu- 
ated, so all tests were done on a broad-band basis. Tests 
were made of both single stages and complete amplifiers, and 
a variety of tubes and components was used. 


In tests of single-amplifier stages, the tube was relieved 
of the load of the distortion meter by interposing a Bridger 
(an instrument bridging amplifier with 70 megohms input 
impedance and negligible distortion in the voltage range 
used) between tube and meter. This was essential in the 
case of the harmonic distortion meter, whose input im- 
pedance was only 100,000 ohms, but the Bridger was also 
used with the intermodulation meter to keep the tests on a 
uniform basis. 

The complete amplifier was rated at 5 watts output into a 
500-ohm load, and the meter load was unimportant by com- 
parison; no Bridger was used. 

The harmonic distortion meter chosen for the tests was of 
the high-pass filter type; a calibration check indicated a 
probable error of the order of 5%. The meter circuit showed 
the erratic drift which has always been so common in vac- 
uum-tube voltmeters of the rms-reading type, so there 
undoubtedly were errors in reading as well. 

The intermodulation distortion meter employed filters for 
use with 40 to 400 cps and 2- to 20-ke tones. A calibration 
check showed a probable error of the order of 2%. The 
vacuum-tube voltmeter was completely stable, being of the 
average-reading type which has been used in all intermodula- 
tion meters and virtually all amplifier voltmeters since their 
inception. 


Because of the difference in voltmeter law, it should be 


4M. V. Callendar, “The Influence of High-Order Products in Non- 
linear Distortion,” Electronic Eng., 22, No. 272, p. 443 (October, 1950). 

5 Alan Bloch, “Measurement of Nonlinear Distortion,” J. Audio 
Eng. Soc., 1, No. 1, pp. 62-67 (January, 1953). 


TaBLe I 
Comparison of Intermodulation and Harmonic Distortion of 
Single-Ended Triode 
Tube: 12AU7 (half). Plate-feed resistor: 100,000 ohms. E, — 
90 v. 
Bias: 4500 ohms self-bias resistor, bypassed by 25 mf. 


At 1.25£,..——\ -——At 1.41E,,—— 
Jo IM/Har- %o IM/Har- 
Harmonie monie Harmonie monie 


Average ratios: 


pointed out that the two are essentially equivalent for prac- 
tical purposes. The occasionally touted differences usually 
prove on practical analysis to be insignificant when compared 
to other components of experimental error. 

Intermodulation readings were taken with frequencies of 
100 and 2000 cps, mixed with a low-frequency /high-fre- 
quency voltage ratio of 4:1, and an output voltage of E, 
(composed of components E and £/4 of low and high fre- 
quency, respectively). 

Harmonic distortion readings were taken at 100 cps. 

One set of harmonic readings was taken to check the pre- 
viously referenced Bloch proposal, at an output voltage of 
1.41£. Another set of harmonic readings were taken at 
1.25E (the same peak voltage as E,) as a check on Frayne 
and Scoville. 


Single-Stage Tests 


The first test was run on half of a 12AU7, with self-bias. 
and a plate load of 100,000 ohms. Table I shows the results 
in detail. They may be summarized by saying that the 
ratio of percentage intermodulation distortion to percentage 
harmonic distortion on the Frayne and Scoville basis aver- 
aged 3.3, which is within the predicted range of 3.2 to 3.84. 
The corresponding ratio for the Bloch condition averaged 
2.6, as against his suggestion of 2.82, which is within the 
margin of experimental error. 

The next test was run with a self-biased 6AU6, again with 
a plate load of 100,000 ohms. Table II shows the results. 
The ratio on a Frayne and Scoville basis averaged 3.4, again 
within limits. On a Bloch basis, the ratio was 2.6, an error: 
of 8%, likewise within experimental limits. 
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TasLe II 
Comparison of Intermodulation and Harmonie Distortion of 
Single-Ended Pentode 
Tube: 6AU6. Plate-feed resistor: 100,000 ohms. Screen-feed 
resistor: 96,000 ohms. 
Bias: 2100 ohms self-bias resistor, bypassed by 25 mf. E,— 


90 v. 
r— At 1.25E,y-——_—--—At 1.41 E,,——— 
% IM/Har- %o IM/Har- 
E, Jo IM Harmonie monic Harmonie monic 

8.30 4.00 1.28 3.14 1.76 2.27 
9.22 5.00 1.63 3.06 2.04 2.46 
10.0 6.00 1.93 3.12 2.48 2.42 
10.5 7.05 2.05 3.43 2.60 2.72 
11.4 8.15 2.38 3.43 3.00 2.72 
11.9 9.0 2.45 3.68 3.20 2.82 
12.7 9.95 2.77 3.60 3.70 2.68 
14.5 12.0 3.50 3.43 4.30 2.79 
17.2 15.6 4.50 3.47 5.80 2.69 
19.0 18.0 5.20 3.46 7.15 2.52 
20.8 21.5 6.00 3.58 8.80 2.44 


22.2 25.0 7.25 3.46 11.4 2.19 


Average ratios: 3.4 2.6 


Taste IIT 
Comparison of Intermodulation and Harmonie Distortion of 
Single-Ended Pentode 
Tube: 5672. Plate-feed resistor: 50,000 ohms shunted by 700 
henries. Sereen-feed resistor: 33,000 ohms. 
Bias: 1800 ohms self-bias resistor, not bypassed. HE, — 90 v. 


-—At 1.25F,r-——_ At 1.41E,,———_~\ 


% IM/Har- %o IM/Har- 


E, Jo IM Harmonie monic Harmonic monic 
9.25 2.0 1.49 1.35 1.79 1.12 
11.5 3.15 2.08 1.52 2.65 1.19 
12.2 4.0 2.48 1.61 3.09 1.30 
13.3 4.9 2.70 1.81 3.70 1.33 
14.0 6.1 3.10 1.97 4.20 1.46 
14.4 6.9 3.60 1.92 4.40 1.57 
15.0 7.8 3.90 2.00 4.60 1.70 
15.6 9.0 4.00 2.26 5.00 1.80 
* 16.5 10.2 4.55 2.23 6.30 1.63 
17.8 12.3 5.10 2.42 6.5 1.89 


8.2 


Average ratios: 2.0 1.5 


Failure to Check 


The third test was run with a 5672 (a subminiature pent- 
ode) feeding a 50,000-ohm load. Table III shows that on a 
Frayne and Scoville basis the ratio averages 2.0; on a Bloch 
basis it averages 1.5. These are about two-thirds of the 
predicted values, so that simple theory has proved inade- 
quate. 


Complete Amplifier 


The fourth test was made with a complete high-quality 
5-watt amplifier, with triode input and triode split-load 
phase inverter using a 6SN7 and push-pull 6W6GT output 
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tubes. Three-stage negative feedback of 9 db was used. As 
shown by Table IV, the ratio averages 1.13 (ranging from 
0.4 to 1.90) for the higher distortion portion of the data on 
a Frayne and Scoville basis, and 0.46 (ranging from 0.36 to 
0.55) on a Bloch basis. At very low distortion values the 
ratios drop as low as 0.2. 

Whereas both bases were in error by the same proportion 
with the 5672, the bases are, in this case, quite different in 
their deviations, being fivefold and eightfold errors, respec- 
tively. Bearing in mind that both are far smaller than theory 
predicts, there is nothing in the literature to explain either 
this case or that of the 5672. 


Effect of High-Order Distortion 


In an attempt to analyze the rather puzzling results with 
the push-pull amplifier, it was decided to introduce high- 
order distortion by producing a discontinuity near the 


Taste IV 
Comparison of Intermodulation and Harmonie Distortion of Push- 
Pull Power Amplifier 
Tubes: 6SN7 amplifier, split-load phase inverter. 
6W6GT push-pull power stage. 


o— At 1.25E,y-——._ ——-At 1.41E,;——-\ 


% IM/Har- % IM/Har- 
E, Go IM Harmonie monic Harmonie monie 
5.0 014 068 021 0.72 0.195 
7.5 0.16 0.80 0.20 0.90 0.178 
10.0 0.25 1.05 0.24 1.16 0.216 
15.0 0.44 1.45 0.30 1.56 0.282 
30.0 0.92 2.33 0.40 2.90 0.316 

3.0 es 288 040 £208 | 0.553 
37.5 1.40 2.53 0.55 2.88 0,486 
40.0 2.65 2.60 1.02 5.2 0.510 
42.5 5.50 2.90 1.90 15.2 0.362 
44.0 8.40 4.70 1.79 22.0 0.382 

Average ratios: 1.13 0.46 


Note: Only figures below the dash line are included in averages. 


TABLE V 
Comparison of Intermodulation and Harmonie Distortion of Class 
B Push-Pull Power Amplifier 
(Same conditions as in Table IV, exeept that power-stage bias 
resistor is increased from 100 to 2100 ohms) 


-——At 1.25E,yy;——_ At 1.41 E> 


% IM/Har- % IM/Har- 

E, Fo IM Harmonie monic Harmonic monie 
2.5 1.55 3.05 0.51 2.74 0.57 
4.0 3.0 5.08 0.59 4.38 0.68 
5.0 4.7 6.8 0.69 5.90 0.80 
5.5 6.2 8.1 0.77 6.80 0.91 
6.0 7.7 9.45 0.81 7.60 1.01 
6.3 2 11.5 0.80 8.20 1,12 
7.0 11.4 16.0 0.71 11.3 1.01 

Average ratios: 0.70 0.87 
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TaBLe VI 
Comparison of Intermodulation and Harmonic Distortion of Push- 
Pull Power Amplifier with Overloaded Transformer 
(Same conditions as in Table IV, except that the output passes 
through a transformer whose core approaches saturation) 


= = are 


-— At 1.25E,x,-——_ At. 1.41E,,;——\ 
% IM/Har- %o IM/Har- 
Harmonie monie Harmonie monie 


0.79 
0.88 
0.94 
0.96 
1.70 
1.15 
0.43 


Average ratios: 0.98 


origin, i.e., by going to overbiased class B operation. The 
bias resistor was increased from 100 to 2100 ohms. 

A glance at Table V shows that this bias makes matters 
no less puzzling. The average ratio for the Frayne condition 
has dropped. The average in the Bloch condition has dou- 
bled. Both ratios are still only a fraction of what the liter- 
ature predicts. 


Effect of Transformer Overload 


In a continuation of this analysis, the output of the push- 
pull power amplifier was passed through a transformer which 
would overload readily. As Table VI shows, the ratio was 
greatly increased under both test conditions but varied 
greatly with level. Under the Frayne and Scoville condition 
the ratio averaged 1.67 instead of the previous 1.13; under 
the Bloch condition the ratio averaged 0.98 instead of 0.46. 
Nevertheless, most of the readings fail to agree with simple 
theory. 


DISCUSSION 


The first foreshadowing of these results may be found in 
the data presented by Pickering,® where ratios of 1:1 to 2:1 
may be computed from his curves. 


6 Norman C. Pickering, “Measuring Audio Intermodulation,” Elec- 
tronic Ind., 5, No. 6, pp. 56-58, 124, 125 (June, 1946). 


Even more extreme variations in ratio may be found in an 
article by LeBel,’ and the disparity is pointed out for a push- 
pull amplifier, where a ratio of 0.16 at low levels changes to 
4 at high levels. 

The averages given in the various tables of this paper are 
illustrative only and are not intended for comparison with 
each other, since they are taken over somewhat different 
ranges. 


TRANSISTORS 


Purely to satisfy curiosity, some tests were run on a single- 
ended power transistor, with the results shown in Table VII. 


TasBLe VII 
Comparison of Intermodulation and Harmonie Distortion of a 
Single-Ended Power Transistor Stage 


Transistor: H-2. Cireuit: common emitter. 


ey) | 
Jo IM % Harmonic IM/Harmonie 


0.98 10.2 


Average ratio: 


It is evident that the intermodulation distortion produced by 
a power transistor is very high, and the ratio is correspond- 
ingly great (a range of 6.3 to 10.2 times). 


CONCLUSION 


The relation between intermodulation distortion and har- 
monic distortion is much more elastic than the usually cited 
literature would lead us to believe. There is need for a far 
more rigorous mathematical study of the question. Push- 
pull operation is in special need of attention. It appears 
that push-pull operation is unusually effective in reducing 
intermodulation distortion. In the meantime, the only ef- 
fective way to determine intermodulation distortion is to 
measure it directly. 


7C. J. LeBel, “A New Method of Measuring and Analyzing Inter- 
modulation,” Audio Eng., 35, No. 7, pp. 18-21, 30, 131 (July, 1951). 
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Recent Developments in Direct-Radiator High-Fidelity Loudspeakers 


Harry F. Orson, JoHN Preston, and Everett G. May 
RCA Laboratories, Princeton, New Jersey 


Three high-fidelity loudspeakers have been developed and commercialized. These include 8-, 12-, 
and 15-in. units. The characteristics of these loudspeakers are uniform response over a wide 
frequency range combined with broad directivity, low nonlinear distortion, and faithful transient 
response. Cabinets and other loading systems for these loudspeakers have also been developed. 
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INTRODUCTION 


a. ALMOST universal use of the dynamic direct- 

radiator loudspeaker in small- and medium-scale sound 
reproduction is due to the following characteristics:* a sim- 
ple vibrating system; a wide variety of design possibilities; 
a rugged mechanism; inherently low-cost construction; 
and relatively small space requirements. For these reasons 
it is possible to develop and build direct-radiator loud- 
speakers which will satisfy almost any requirement of re- 
sponse, distortion, and directivity. The gamut of applica- 
tions include the very small loudspeakers found in personal 
radio receivers, the low- and medium-cost loudspeakers for 
a wide variety of applications in radio and television re- 
ceivers, phonographs, and sound systems, and the high- 
quality loudspeakers used in all types of high-fidelity sys- 
tems. The inherent fundamental design flexibility of the 
vibrating system of the direct-radiator loudspeaker provides 
a wide range of research possibilities in the development 


Fic. 2. RCA 12-in. loudspeaker, Type 8L12. 
of new and improved systems. It is the purpose of this paper 
to describe some recent developments in direct-radiator loud- 


speaker systems. 


DIRECT-RADIATOR LOUDSPEAKER MECHANISMS 


The three loudspeaker mechanisms shown in Figs. 1, 2, 
and 3, designated as SL8, SL12 and LC1A, have been devel- 
oped for high-fidelity applications. These are, respectively, 
8-, 12-, and 15-in. loudspeaker mechanisms. The SL8 and 
SL12 are single-cone units; the LC1A is a duo-cone unit. 
This section will describe some of the developments incor- 
porated in these loudspeakers which contribute to improved 
performance. 
Of all the performance characteristics of a loudspeaker, 
the response-frequency characteristic is the most useful and 
Fic. 1. RCA 8-in, loudspeaker, Type SL8. important because it conveys the most information. A 
1H. F. Olson, Elements of Acoustical Engineering, D. Van Nostrand wnilorm seaponse-trequemcy characteristic bee obtained in 
Company, 2nd ed., New York, 1947. these loudspeakers by employing a particular shape of 
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Fig. 3. RCA 15-in. duo-cone loudspeaker, Type LC1A. 


curvilinear cone, a special pulp for the material of the cone, 
and a damping ring in the outside suspension of the cone. 
The material and shape of the cone were determined from 
tests made to obtain a smooth response-frequency charac- 
teristic and a broad directivity pattern. The internal damp- 
ing in the pulp of the cone plays an important role in deter- 
mining the form of the response-frequency characteristic. 
The configuration of the cone influences the high-frequency 
response and the directivity of the cone. 

After the shape and material of the cone had been deter- 
mined, it was found that additional damping was required 
in the suspension system to smooth out the response. 


The outside suspension of the cone consists of a corru- 
gated disk which provides a flexible connecting means be- 
tween the cone and the fixed support, as shown in Fig. 4A. 
The normal mode of vibration of the cone and suspension is 
shown in Fig. 4B. The maximum excursions of each part 
of the suspension and cone are shown by the dotted lines. 
It will be seen that the amplitude falls off gradually in the 
suspension from the edge of the cone to the fixed outside 
edge. Unfortunately, a suspension does not behave in this 
manner throughout the frequency range but breaks into 
resonance in the midfrequency range. The amplitude of the 
suspension may be greater than that of the cone, as shown 
in Fig. 4C. The vibration of the suspension may be in phase 
with the cone, as shown in Fig. 4C, and out of phase, as 
shown in Fig. 4D. The in- and out-of-phase vibration of 
the suspension with respect to the cone will produce a corre- 
sponding peak and a dip in the response-frequency charac- 
teristic. 

In the past, the procedure has been to coat the suspension 
with some highly viscous material, thereby providing damp- 
ing which reduces the amplitude at resonance. In this way, 
the response is smooth and free from the peak and the dip. 
The objection to the use of viscous substances is that these 
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materials tend to dry out, with the result that the damping 
efficiency is lost. The vibration can be controlled and the 
deleterious effects of any resonance reduced to a negligible 
amount by means of a special rubber damping ring,? as 
shown in Fig. 5. The curve of Fig. 6, taken without the 
damping ring, can be compared with that of Fig. 7 taken 
with the damping ring. It will be seen that the response- 
frequency characteristic without the damping ring exhibits 
a peak and a dip at 800 and 1100 cps, respectively. 

In the direct-radiator loudspeaker the sound vibrations 
start at the voice coil, flow out in the cone, and then into 
the suspension system. In the low-frequency range the 
phase shift, in degrees, along the cone is relatively small, 
and the cone behaves essentially as a piston. However, in the 
high-frequency range the phase difference between the voice 
coil and suspension may be several radians. In this frequency 
range it is important that the wave that travels into the 
suspension system be absorbed and not reflected back. The 
latter condition would lead to standing waves, which would 
produce a ragged response-frequency characteristic. The 
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Fic. 4. (A) Outer suspension system for the cone of a direct- 
radiator loudspeaker. (B) Normal vibration of the suspension. 
(C) Resonant vibration of the suspension in phase with the cone. 
(D) Resonant vibration of the suspension out of phase with the 
cone. 


2H. F. Olson and J. Preston, Radio and Television News, 51, No. 2, 
p. 69 (1954). 


; 220 ee 
. ys 
: // L=—=SE * SS 
7 P ee md = — 
Ay y N 
+¥ Ae Mf, r \ 
z \ Vee iis ; . \ \ 
c ee a re NYS \ 
r Ye\ WK \ = 
’ x \\ ce. : 2 —™ : 
. \ ~ > 4 ~< i } : 
OY 2 : = ‘ a7” } 
- N . ° 
; . —  - y 
a . — ».% — 
é: : > | 
ae 
= 
Dh 
4 % 
ie 
“in 
= 
: | 
3 es : 
Zs 5 
« . 
8 Pete, —~ 
~ 
“4 gS Iw 
- 8 -——, - OP m ORES 
" = PJ 4 ~ ad ss 
— 7 "il 
2 oe 
i 7 F 4 MAXIMUM 
“a SF als EXCURSIONS ; 
7 
. 7 
fe Oe . 
ie -——~ a 
% ae tig ee Ps i : 
re. 6 wees N “a ride * ae 
a Pt fi N f ‘SS 
e Pg ~~. W 
e he , 
a i Me 4 
a: OS Me a 
x jg 
Ss 4 
‘es 
3 ain ~ 42a 
Fe Dens — 2 X — 
29. Z ~ - 4 ta. ie. 
‘ ae ‘en 4 ae 
ot 7 
4 7 7 
f ae 
: P. - 
/ 
. 4 


SUPPORT 


CONE SUSPENSION 


Fig. 5. The outer suspension system equipped with a rubber 
damper. 
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FREQUENCY IN CYCLES PER SECOND 
Fic. 6. Midfrequeney response-frequency characteristic for a 
direct-radiator loudspeaker with a conventional suspension system. 
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Fic. 7. Midfrequeney response-frequency characteristic of a di- 
rect-radiator loudspeaker with a suspension system equipped with 
a rubber damper. 


rubber damping ring serves as a suitable acoustical termina- 
tion, thereby absorbing the vibrations which flow into the 
suspension system. The response-frequency characteristics 
without and with the rubber damping ring are shown in 
Figs. 8 and 9, respectively. It will be seen that response is 
smoother with the rubber damping ring. 
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The directivity pattern of a direct-radiator loudspeaker is 
a function of the ratio of the effective radiating dimensions 
of the cone to the wavelength, the velocity of sound in the 
material of the cone, and the geometrical configuration of 
the cone. Thus, there are three parameters that establish 
the directional characteristic of a direct-radiator loud- 
speaker. The part that these parameters play will now be 
discussed. 

Figure 10 illustrates the roles that the shape and material 
of the cone play in determining the directivity pattern. The 
cone angle in Fig. 10A is 90 degrees. The velocity of wave 
propagation, V¢, in the cone is 1.4 times the velocity of wave 
propagation, V4, in air. Under these conditions, the cone 
emits practically a plane wave front in the high-frequency 
region, which is manifested as a very narrow directivity pat- 
tern. The directivity pattern can be broadened by using a 
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Fic. 8. High-frequency response-frequency characteristic of a 
direct-radiator loudspeaker with a conventional suspension system. 
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FREQUENCY IN CYCLES PER SECOND 
Fic. 9. High-frequency response-frequency characteristic of a 
direct-radiator loudspeaker with a suspension system equipped 
with a rubber damper. 
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Fic. 10. Wave fronts emitted by various cones. (A) Cone angle 
of 90 degrees. (B) Cone angle of 135 degrees. (C) Cone angle of 
135 degrees, with a slower propagation velocity in the cone. 


cone with a wider angle. The cone angle in Fig. 10B is 135 
degrees. The velocity of wave propagation in the cone of 
Fig. 10B is the same as in Fig. 1OA. The emitted wave front 
is convex, and, as the radius of curvature of the wave 
front decreases, the directivity pattern becomes broader. 
Therefore, the directivity pattern of the cone of Fig. 10B 
will be broader than that of the cone of Fig. 10A. The ra- 
dius of curvature of the wave front can be decreased further 
by reducing the velocity of wave propagation in the cone. 
In Fig. 10C, the velocity of wave propagation, V¢, in the cone 
is equal to the velocity of sound propagation, V4, in air. 
The radius of curvature is reduced, and, as a result, the 
directivity pattern is broadened. 

The shape and material of the cone in these loudspeakers 
have been determined from these principles. These loud- 
speakers provide directivity patterns as broad and uniform as 
possible and still retain uniform response, low distortion, and 
adequate power-handling capacity. 

In a two-unit loudspeaker, employing a large cone for the 
reproduction of sound in the low-frequency range and a 
small cone for the reproduction of sound in the high- 
frequency range, a uniform directivity pattern can be ob- 
tained over the entire audio-frequency range. This is be- 
cause the ratio of wavelength to linear dimensions can be 
employed in addition to the expedients used in the cones of 
the loudspeakers shown in Figs. 1 and 2. This is illustrated 
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in Fig. 11, in which the directivity patterns of 15-in. and 
2'%-in. loudspeakers are compared for a 6:1 ratio of fre- 
quency, that is, for a constant ratio of diameter to wave- 
length. Figure 11 shows that the directivity pattern of a 
15-in. loudspeaker at 200 to 1000 cps corresponds to that of 
a 2¥4-in. loudspeaker at 1200 and 6000 cps. These relation-- 
ships were used in designing the two units of the speaker of 
Fig. 3. 

In addition, in this loudspeaker, the small cones which are 
attached to the wide-angle cone reduce the velocity of wave 
propagation in the large cone. This broadens the directivity 
pattern of the low-frequency cone. In the high-frequency 
range, the conical domes attached to the surface of the low- 


1200 CYCLES 
Fie. 11. Directional characteristics of 15-in. and 2%%4-in. loud- 
speakers. 
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Fig. 12. (A) Duo-cone loudspeaker with a plain low-frequency 
cone. (B) Duo-cone loudspeaker with domes attached to the low- 
frequency cone. 
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Fic. 13. Diffuse reflections of the sound emitted by the high- 
frequency cone by the domes attached to the low-frequency cone. 


frequency cone improve the performance in three ways: by 
decreasing the angle into which the high-frequency cone 
feeds, thereby increasing the output of the high-frequency 
cone; by diffusely reflecting some of the sound emitted by 
the high-frequency cone, thereby eliminating discrete re- 
flections; and by diffracting some of the sound emitted by 
the high-frequency cone, thereby broadening the directivity 
pattern. 

The angles into which the high-frequency cone feeds, 
without and with the conical domes applied to the low- 
frequency cone, are designated as ¢; and ¢o, respectively, 
in Fig. 12A and 12B. Since ¢e is smaller than ¢;, the 
acoustic radiation load on the cone is greater with the conical 
domes than without them. When the acoustic radiation 
load on a direct-radiator loudspeaker is increased, the sound 
power output is increased. Thus, it will be seen that the 
conical domes increase the high-frequency sound radiated by 
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the high-frequency cone. In other words, the high-frequency 
efficiency is improved. 

Some of the sound emitted by the high-frequency cone is 
diffusely reflected by the conical domes, as shown in Fig. 13. 
Without the domes, there would be many similar reflections 
which would lead to reinforcements and cancellations with 
the direct radiation. The result would be corresponding 
peaks and dips in the response of the high-frequency cone. 
With the domes, the symmetry of the low-frequency cone is 
upset and there are many reflections in different directions 
and of different path lengths. The reflections, therefore, 
cancel out, and the net result is a smooth response-frequency 
characteristic. 

Some of the sound emitted by the high-frequency cone is 
diffracted by the conical domes, as shown in Fig. 14. By 
diffraction is meant the bending of the sound around an ob- 
stacle. The pencils of sound designated 1 and 2 in Fig. 14 
are diffracted. The pencils of sound designated 3 to 7 in- 
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Fig. 14. Diffraction of the sound emitted by the high-frequency 
cone by the domes attached to the low-frequency cone. 
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RELATIVE CONE MASS 
Fic. 15. Output of a typical direet-radiator loudspeaker as a 
function of the mass of the cone. 


clusive are radiated directly into space from the high-fre- 
quency cone. It will be seen that the effect of the diffracted 
sound is to decrease the curvature of the wave front in the 
direction of 1, 2, and 3. As a result, the directivity pattern 
is broadened. 

In the frequency region above 10,000 cps, small deflectors 
are used to broaden the directivity pattern of the small cone 
to conform with the directivity pattern of the remainder of 
the frequency range. 

One of the effects of nonlinearity in the elements of the 
vibrating system of a loudspeaker is the production of har- 
monics and subharmonics. Nonlinearity in a cone occurs 
when the force vs displacement characteristic deviates from 
a straight line. In a lightweight cone, this deviation occurs 
at a relatively small input. 

The reason for the use of a lightweight cone is to obtain 
greater sensitivity. However, the increased sensitivity is 
obtained at the expense of greater nonlinear distortion. The 
relative output of a typical direct-radiator loudspeaker as a 
function of the weight of the cone is shown in Fig. 15. In 
this example, the weight of the permanent magnet was kept 
constant. However, the mass of the voice coil and the di- 
mensions of the air gap were selected to obtain the maximum 
output. The sound output for a certain value of nonlinear 
distortion as a function of the weight of the cone is shown in 
Fig. 16. Figures 15 and 16 show that high sensitivity 
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Fic. 16. The sound output of a typical direct-radiator loud- 
speaker, for a certain value of nonlinear distortion, as a function 
of the mass of the cone. 
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and low distortion are not compatible. In order to obtain 
low nonlinear distortion, a relatively heavy cone must be 
used. In the loudspeakers shown in Figs. 1, 2, and 3, heavy 
cones are employed in order to obtain a low value of nonlin- 
ear distortion. 


For home and other small-room sound reproduction, high 
sensitivity® is not a requirement because the power available 
from the amplifier is more than adequate to obtain satisfac- 
tory sound levels. For example, the loudspeakers described 
in this paper will deliver a sound level of 80 db in the aver- 
age living room for an input of 0.05 watt. Most amplifiers 
used in high-fidelity radio receivers and phonographs have 
an output of at least 5 watts. A 5-watt input to these loud- 
speakers will produce a sound level of 100 db in the average 
living room. This is the peak level of a full symphony or- 
chestra, in the best seat in an orchestral hall. Furthermore, 
the loudspeaker with the heavier cone and lower sensitivity, 
when used with conventional amplifiers, will actually deliver 
more sound power before it overloads than a loudspeaker 
with a lightweight cone. 

One of the common methods for testing the transient re- 
sponse of a loudspeaker is by observing the response to a 
tone burst. A tone burst is a single-frequency, sine-wave 
signal of short duration, having a rectangular envelope. The 
duration of the signal may vary from 50 to 500 msec, de- 
pending on the frequency. The rectangular envelope char- 
acteristic means that a tone burst consists of a signal of 
practically instantaneous rise and decay periods. A devia- 
tion from the rectangular envelope depicts the transient re- 
sponse of the loudspeaker. The maintenance of a rectangu- 
lar envelope, that is, the almost instantaneous rise and decay 
of the tone burst, is a very severe test. Therefore, any 
loudspeaker passing this test will handle any transients en- 
countered in speech and music without distortion. It is pos- 
sible to correlate the shape of the response-frequency char- 
acteristic with the form of the envelope of the tone burst. 
For example, if there is a peak in the response-frequency 
characteristic, as for example at point X in Fig. 6, some time 
will be required for the output to build up to the steady- 
state value after the electrical input has been applied, and 
some time will be required for the output to decay after the 
electrical input has been stopped. This is illustrated in A of 
Fig. 17. If there is a dip in the response-frequency charac- 
teristic, as for example at point Y of Fig. 6, there will be a 
rapid build-up in the output after the electrical input has 
been applied; then this is followed by a very low, steady- 
state value, and then another rapid rise in the output when 
the electrical input has been stopped. This is illustrated in 
B of Fig. 17. From the foregoing it will be seen that the 
growth and decay characteristics of speech and music will 


3H. F. Olson and A. R. Morgan, Radio and Television News, 44, 
No. 5, p. 54 (1950). 
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Fic. 17. The transient response of the loudspeaker having re- 
sponse-frequency characteristic depicted in Fig. 6: (A) at 800 
eps; (B) at 1100 eps. 


not be reproduced unless the system exhibits good response 
to transients. The tone-burst tests of these loudspeakers 
have shown that the shape of the tone burst is faithfully re- 
produced throughout the frequency range of the loud- 
speakers. Therefore, these loudspeakers will reproduce the 
growth and decay characteristics of speech and music. 


DIRECT-RADIATOR LOUDSPEAKER CABINETS*® 


Direct-radiator loudspeakers for high-fidelity sound re- 
production are usually mounted in some type of enclosure. 
Four parameters involving the cabinet influence the per- 
formance of the loudspeaker mechanism, namely, the inter- 
nal acoustical impedance of the cabinet, the external coupling 
to the cabinet exclusive of the loudspeaker mechanism, the 
mounting of the loudspeaker mechanism, and the shape or 
configuration of the outside of the cabinet. A study has 
been made involving these parameters which has resulted in 
some new developments in wide-range loudspeaker cabinets. 
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Fic. 18. A phase-inverter cabinet equipped with a port. 


4H. F. Olson, Audio Eng., 35, No. 11, p. 34 (1951). 
5H. F. Olson, Radio and Television News, 45, No. 5, p. 53 (1951). 
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It is the purpose of this section to describe these develop- 
ments. 


Drone Cone Phase Inverter 


The phase-inverter or bass-reflex cabinet consists of an 
enclosed cabinet equipped with a port as shown in Fig. 18. 
A study of this system has shown that the particle velocity 
is not uniform, with respect either to phase or to amplitude, 
over the area of the port. The result is a loss in energy due 
to phase shift and viscous friction. Another problem in the 
ported cabinet is the difficulty of providing a port of large 
cross-sectional area so that the particle velocity in the port 
will be relatively low. The appropriate inertance in the port 
can be obtained with a large cross-sectional area if the 
length of the port is increased by the required amount. 
When this is done, the port becomes very long; and, as a 
result, the losses due to viscosity are very large. Thus, it 
will be seen that a simple port in the phase-inverter or bass- 
reflex cabinet is not a satisfactory system from the stand- 
point of maximum performance. These objectionable fea- 
tures can be overcome by means of an undriven cone termed 
a drone cone instead of the port as shown in Fig. 19. In this 
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SECTION A-a' 
Fic. 19. A phase-inverter cabinet equipped with a drone cone. 


system the port area of the drone cone can be made the same 
as that of the active cone. The phase and amplitude of the 
particle velocity are the same over the entire area of the 
drone cone. Furthermore, the particle velocity is relatively 
low because the area of the drone cone is large compared 
to a port. Asa result, the losses are lower in the drone cone 
phase inverter. 

A typical response-frequency characteristic of the drone 
cone phase inverter is shown in Fig. 20. Two response-fre- 
quency characteristics of the same loudspeaker in the same 
cabinet but with two different ports are also shown in Fig. 
20. In one case, the frequency range of the port is the same 
as the drone cone, but the output obtained with the port is 
lower. In the other case, the output of the port is the same 
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Fic. 20. Response-frequency characteristies of the LC1A loud- 
speaker in various phase-inverter cabinets. 
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Fig. 21. (A) Direet-radiator loudspeaker mechanism mounted 
in the conventional manner. (B) Direct-radiator loudspeaker 
mechanism mounted flush with the front of the cabinet wall. 


as that of the drone cone, but the frequency range obtained 
with the port is narrower. To summarize, these curves show 
that a wider frequency range with greater output can be ob- 
tained with the drone cone type of phase inverter as com- 
pared to the port type, the reason being that the losses in 
the drone cone are less than in the port. 


Mechanism Mounting Arrangement® 


The mounting arrangement of the loudspeaker mechanism 
in the front wall of the cabinet influences the response owing 
to the resonances of the air cavity in front of the mechanism. 
In addition, variations in the response are produced by re- 
flections and diffractions from the circular boundary of this 
cavity. The standard mounting arrangement for loud- 


6H. F. Olson, Radio and Television News, 45, No. 5, p. 53 (1951). 


speaker mechanisms which has been used for years is shown 
in Fig. 21A. Reference to Fig. 21A, indicates that the 
cabinet wall forms a cavity in front of the loudspeaker. The 
resonances and antiresonances of this cavity, as well as re- 
flections and diffractions at this wall edge, introduce varia- 
tions in the response-frequency characteristic as shown in 
Fig. 22. These variations in response can be reduced by the 
improved loudspeaker mounting arrangement shown in Fig. 
21B. It will be seen that the cavity in front of the loud- 
speaker mechanism has been materially reduced. The re- 
flecting edge of the cutout in the cabinet wall has been com- 
pletely eliminated. The abruptness of the edge has also 
been reduced, which mitigates the diffraction effects due to 
this edge. The response-frequency characteristic of a loud- 
speaker mechanism mounted as shown in Fig. 21B is shown 
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Fig. 22. Response-frequency characteristic of a direct-radiator 
loudspeaker mechanism mounted as shown in Fig. 214A. 
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FREQUENCY IN CYCLES PER SECOND 
Fig. 23. Response-frequency characteristic of a direet-radiator 
loudspeaker mechanism mounted as shown in Fig. 21B. 
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in Fig. 23. Comparison of the response-frequency character- 
istics of Figs. 22 and 23 will reveal that a considerable 
improvement in response can be obtained with the mounting 
arrangement shown in Fig. 21B. 
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Fig. 24. A eabinet designed to eliminate the deleterious effects 
of diffraction on the response-frequency characteristics. 


rr) 60 60 100 200 400 800 1000 2000 4000 
FREQUENCY IN CYCLES PER SECOND 
Fic. 25. Response-frequency characteristic of the LC1A loud- 
speaker mechanism of Fig. 3 mounted in the cabinet of Fig. 24 
and equipped with a drone cone, 


Cabinet Configuration’ 

The outside configuration of the cabinet influences the 
response, owing to diffraction effects produced by the sharp 
discontinuities introduced by the edges of the cabinet. As a 
result of a study of the shape of the outside of the cabinet, 
a cabinet has been developed in which the deleterious effects 
of diffraction have been reduced to a practical value. The 
cabinet which has been evolved is shown in Fig. 24. It will 
be seen that the sharp front edges of a standard rectangular 
parallelopiped type of cabinet, which would set up dif- 
fracted waves, have been eliminated. As a result, the varia- 
tions in the response due to diffraction effects have been 
reduced to a negligible amount. 

The response-frequency characteristic of the LC1A loud- 
speaker mechanism mounted in the cabinet of Fig. 24, which 
incorporates all the improved features, is shown in Fig. 25. 


7H. F. Olson, Audio Eng., 35, No. 11, p. 34 (1951). 
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A Moving-Coil Feedback Disk Recorder* 


C. C. Davis 
Westrex Corporation, Hollywood, California 


The distinctive feature of this recorder is the application of corrective feedback originating in 
the actual stylus-driving mechanism. Thus, the motion of the stylus is accurately controlled, 
irrespective of recording conditions, over a wide range of amplitudes and frequencies. The latest 
improvements are described and include a simple method of applying heat to the stylus and the use 
of tapered shank styli to facilitate their replacement. 


ECENT improvements in disk recording have fully main- 
tained the prestige of this important medium. No RECORDER TERMINALS 
obstacle appears to prevent it from keeping abreast of the bf 
highest standards of sound recording in other media. The 
advent of such techniques as the microgroove, the hot stylus, 
improved record materials, and recorders of superior design 
all have contributed to the improvement of the disk record. 
In 1938 a disk recorder for vertical-cut grooves was de- 
scribed' which incorporated principles completely different 
from those previously employed in any type of recording 
device. The performance of this recorder was based on the raphael: 4 ily SEMIN 

use of electromechanical feedback, and it was the first com- . » 
ADVANCE | 
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mercial application of this novel method of controlling the 
behavior of an electrically driven mechanical device. 

By 1938, inverse feedback? had come to be recognized as 
an almost ideal method of correcting distortion in electronic 
equipment. But its application to combined electronic 
and mechanical equipment was new. The successful per- 
formance of the vertical recorder led to the cevelopment of 
a lateral disk recorder,* and the latest model of this recorder 
will be described here. This has been designated as the 
Westrex 2B recorder and is shown in Figs. 1 and 2. 


GENERAL CONSIDERATIONS 


Feedback may be defined as a process of coupling the 
Fic. 1. Top view of recorder. output of a system to its input by means which correct self- 


* Presented at the Sixth Annual Convention of the Audio Engineer- 2H. S. Black, “Stabilized Feedback Amplifiers,” Bell System Tech. 
ing Society, New York, October 14-16, 1954. J., 13, 1 (January, 1934). 

1L. Vieth and C. F. Wiebusch, “Recent Development in Hill and 3G. R. Venzer, “Lateral Feedback Disc Recorder,” Audio Eng. 
Dale Recorders,” J. Soc. Motion Picture Engrs., 30, 96 (January, (Audio Engineering Society section), 33, No. 9, p. 22 (September, 
1938). 1949). 
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A MOVING-COIL FEEDBACK DISK RECORDER 


generated internal distortions in proportion to the amount of 
feedback employed. Now, if we include an electrically 
driven mechanical device in the system, the final output may 
be made practically identical with the input if the feedback 
voltage originates in the final mechanical element. The 
same rules apply with respect to feedback gain and phase 
relationships, and the same benefits may be expected. In 
general, design problems are magnified by the presence o1 
mechanical elements because of their tendency to “break up” 
into multiple modes of vibration. If the amplitude ana 
phase relationships of the feedback voltage are of such a 
character as to increase the input signal, the system may 
become oscillatory and “sing.” As a practical consideration, 
the entire system must be designed to include a frequency 
spectrum far beyond its working range. These difficulties 
and the general expressions for feedback are fully discussed 
in the references cited above. 

In order tc apply feedback control to a mechanical device, 
means mus‘ therefore be provided to generate the feedback 
voltage at the final output of the mechanical system. Fur- 
thermore the device should be free to operate over a greater 
working distance than would be required in normal use. 
Preferably, it should require no delicate adjustments. These 
are among the reasons why a dual moving-coil type of stylus- 
driving element forms the basis of this recorder. The in- 
herent stability and freedom from distortion of the moving 
coil have long been recognized, and it has found wide appli- 
cation in other devices. Edison experimented with a moving- 
coil type of telephone prior to his invention of the phono- 
graph.* 


FEEDBACK AND DAMPING 


The vibrating coil may be controlled over a wide range of 
frequencies by applying sufficient feedback voltage. This is 
the equivalent of a large amount of viscous damping. The 
concept of feedback as the equivalent of damping may ap- 
pear new to electronic engineers; however, it is equivalent 
to ideal linear damping, but with the important difference 
that it merely governs power instead of absorbing it in large 
amounts in the control process. 

The amount of power required by a moving-coil drive as- 
sembly, sufficiently damped by mechanical means to meet 
the requirements of disk recording, has previously discour- 
aged its use for this purpose. With the advent of feedback 
and modern magnetic materials, the way was cleared for the 
utilization of the advantages of feedback without the dissi- 
pation of excessive power in mechanical damping. Further- 
more, the physical embodiment of true viscous damping of- 
fers difficulty, and its effectiveness may be altered by tem- 


4Francis Jehl, Menlo Park Reminiscences, Vol. 1, p. 140, Edison 
Institute, Dearborn, Mich. 
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Fic. 3. Details of coil form. 


perature changes which result, for example, from the use of 
heated styli. 

Since disk recording is primarily a constant-velocity type 
of recording wherein amplitude is inversely proportional to 
frequency, it is desirable to design a recorder for constant- 
velocity operation over the desired audio spectrum. With 
this done, electrical pre-equalization may be added in a 
straightforward manner to conform to any desired recording 
characteristic. A vibrating device may be made to maintain 
constant velocity over a wide frequency range by resonating 
it at the geometrically mean frequency and providing it with 
sufficient damping or its equivalent. 


THE MOVING COIL 


The moving element of the 2B recorder consists of a drive 
coil connected to the amplifier output and a smaller feedback 
or monitor coil connected to the feedback terminals of the 
amplifier. The two coils are supported on a magnesium coil 
form which is attached in turn to the recorder proper by two 
beryllium copper cantilever spring hinges. These are shown 
in Fig. 3. The design of the coil form is intended to minimize 
mass and at the same time provide sufficient rigidity to avoid 
vibration in spurious modes. The voltage generated by the 
monitor coil is directly proportional to the velocity of the 
drive assembly throughout the usual range of frequencies. 
When this voltage is amplified and fed back to the driver 
amplifier in proper phase relationship, the driver unit must 
conform to it and establish a constant-velocity recording 
characteristic. Each coil is provided with a separate mag- 
netic assembly to minimize coupling through the flux sources 
of the coils. The pole tips of the magnetic assemblies are 
supplied with copper slugs and rings to reduce coupling 
further. The center pole piece of the driver unit is manufac- 
tured from Permendeur to obtain maximum magnetic flux 
density. The vibrating assembly is therefore a unit whose 
motion is indicated by the output of the monitor coil. This 
not only originates the feedback control but also provides 
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facilities for, monitoring the motion of the stylus during re- 
cording. A portion of its output may be fed into a monitor 
channel, thus permitting the operator to observe accurately 
what is being recorded. 


POWER CONSIDERATIONS 


It may be of interest to compare the amount of power re- 
quired to drive the coil at a standard recording velocity with 
feedback vs the power required with an equivalent amount 
of viscous damping. The mass of the driver unit, the com- 
pliance of the hinge mountings, and their mechanical resis- 
tance are analogous to a series resonant LCR circuit, since 
equal velocity, analogous to current, exists in all three ele- 
ments. The stylus revolves about the hinge; hence the cur- 
rent requirement is shown by 


. 10Z, 
i=¢ 
Bir 
where i = current in drive coil in amperes. 


= angular velocity of the stylus in rad/sec. 

Z, = rotational impedance in dyne—-cm-sec/rad. 

B = flux density in gauss. 

1 =length of wire on drive coil in centimeters. 

r = working radius of coil in centimeters. 
It can be shown that a damping factor of 8 results in a 
constant-velocity characteristic over a range of about 8 
octaves. The value of Z, which fulfills this condition may 
be determined from the resonant frequency of the coil com- 
bined with a displacement measurement of the stylus. The 
latter shows the rotational compliance, in rad/dyne-cm, to 
be given by 

C=3x * 
and, since the resonant frequency in cycles is 
i-= 850 
the moment of inertia in g-cm? must be 
f= 3 
Hence at resonance the mechanical impedance is found to be 
Z, = 1 & 10° dyne-cm-sec/rad 
The value of Bir in this recorder is 
Bir = 1.6 & 10° 


Thus, for a recording velocity of 8 cm/sec, where ¢ is equal 
to 3 rad/sec in this recorder, a current of 1.86 amperes is 
required and the power required by the 5.8-ohm drive coil is 
20 watts. This is more power than the small coil can tolerate. 
Furthermore, the power will rise at higher frequencies, owing 
to the large amount of pre-equalization in present use at 
these frequencies. 

In the case of feedback, the power reaches a minimum at 
the resonant frequency, 0.015 watt being required for an 
8-cm/sec recording velocity. The increase in power above 
and below resonance is proportionately greater in this case 
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than that discussed above for viscous damping, but the 
power remains much lower throughout the significant band 
of frequencies. However, in spite of this performance, an 
amplifier with a relatively high output-power rating is re- 
quired to take care of surges resulting from the high levels 
which may occur at high frequencies with the pre-equalizers 
currently in use. 


RECENT DEVELOPMENTS 


The 2B recorder has an improved spring hinge arrange- 
ment. Previously there had been a tendency toward a shift 
in the operating axis of the cantilever spring at frequencies 
above 10 kc, causing sharp dips in the recorded frequency re- 
sponse in this range. The recent interest in recording higher 
frequencies has resulted in a modification which has largely 
eliminated these “holes.” The modification consists in 
extending the body of the coil form to the normal rotational 
axis of the hinge. This fin-shaped extension revolves about 
an axis which coincides with the axis of the spring one- 
third the distance from the spring clamp to the coil form. 
It is embedded at this point in a compliant material which 
allows the hinge to flex normally but discourages rotation 
about any but the intended axis. 

Further improvement in high-frequency response is ob- 
tained by the addition of a hollow disk of magnesium, ce- 
mented inside the form near the drive coil to increase its 
rigidity. A copper drive coil has been substituted for the 
original edge-wound aluminum coil. This was adopted be- 
cause of mechanical difficulties in securing a reliable bond 
between the preformed aluminum coil and form. The new 
coils are more efficient on an ampere-turn basis and are 
capable of withstanding relatively high temperatures. Ex- 
treme velocities over long periods of time fail to damage 
either coils or hinges. 


THE HOT STYLUS 


Stylus heating facilities have been provided in the 2B 
recorder. These consist of two small terminals to which may 
be attached a simple heater coil energized with 6 volts from 
an ac source. The heater coils are designed to slide over 
the stylus and are held in place by the natural spring tension 
of their leads. This arrangement permits them to be installed 
or removed readily for stylus cleaning or replacement. The 
feedback control prevents appreciable distortion originating 
either from the physical presence of the heater or hum pickup 
from the ac heater current. The advantages of hot-stylus. 
recording hardly need discussion today. Experiments were 
made with stylus heating as early as 1891 and, odd as it 
may seem now, the pioneer inventor who conducted them 
recommended a gas flame as a source of heat.® The ability 


5 W. Bruening, U.S. Patent 486,608 (Nov. 22, 1892). 
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to cut clean grooves with sharp-edged styli affords great im- 
provement in frequency response and signal-to-noise ratios 
as the groove velocity decreases. 

Acetate playbacks of LP recordings at 10 kc and at a 6-in. 
diameter show as much as 10 db improvement in noise and a 
gain of 16 db in signal when cut with heated sharp styli as 
compared with unheated, dull-edged styli® intended for cold 
use. The noise increases 16 db when the heat is removed 
from the sharp stylus, which indicates reductions of 16 and 
6 db, respectively, for hot and cold styli. But the improve- 
ment in frequency response is even greater and is indepen- 
dent of heat adjustment, which illustrates the effectiveness 
of hot-stylus recording. No operational changes appear 
necessary except that the suction system must not be turned 
off during recording, as the resulting increase in temperature 
may burn chips on the stylus and these are difficult to re- 
move. The temperature at the stylus tip is in the neighbor- 
hood of 350°F and can be measured with waxes having 
known melting points. With the hot-stylus attachment the 
coil form is modified to use tapered-shank styli, and a re- 
moval tool has been designed for their ready installation 
and removal. The desirable holding power of the tapered 
shank is as advantageous here as in machine tools and, inci- 
dentally, the same degree of Brown and Sharpe taper is used. 


ADVANCE BALL ASSEMBLY 


The advance ball assembly has been redesigned in the 2B 
recorder. This permits positioning the advance ball directly 
ahead of the recording area, and it is provided with an addi- 
tional lateral adjustment for tracking exactly in line with 
the material to be removed in order to prevent scars from 
remaining on the record if a particle of dirt collects under 
the advance ball. Because of this relocation, it was necessary 
to locate a new suction tube alongside the stylus rather than 
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Fic. 4. Front view of amplifier. 


6 Isabel L. Capps, “Recording Styli,” Electronic Ind., p. 65 (Novem- 
ber, 1946). 


VARIATION OF FREQUENCY CHARACTERISTIC 
WITH FEED BACK CONTROL 
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FREQUENCY IN CYCLES PER SECOND 
Fig. 5. Typieal frequeney characteristié. 


RELATIVE RESPONSE IN OB 
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in front of it. The use of advance balls to control depth of 
grooves has necessarily become more general because of 
the low cutting resistance offered by heated microstyli. They 
offer further advantages in preventing stylus damage and in 
permitting standing starts. 


THE DRIVING AMPLIFIER 


A new amplifier, coded Westrex RA-1541-A, has been 
designed to operate with the 2B recorder. It is shown in 
Fig. 4. This amplifier conforms to the latest trends in regard 
to components, packaging, and accessibility. The signal gain 
has been increased 6 db and the frequency response improved. 
The factor of safety against “singing” without preselection 
of tubes has been increased. Power-frequency hum levels, 
measured at the monitor terminals, are at least 69 db below 
an 8-cm/sec recording level. The gain of the over-all feed- 
back circuit is 57 db with maximum feedback control setting. 
The gain of the signal circuit is 41 db with the external 
feedback disconnected. An internal amplifier feedback loop 
originates in the secondary of the output transformer, pro- 
viding a minimum of distortion at all levels below overload. 


FREQUENCY CHARACTERISTIC 


A typical frequency characteristic is shown in Fig. 5. The 
high and low frequencies may be increased or decreased sev- 
eral decibels by adjustment of the feedback control. When 
adjusted to normal the system is flat from amplifier input to 
reproducer output, from 30 cps to 11 kc. A dip of about 
4 db centers at 15 kc, beyond which a long rise occurs, ex- 
tending to approximately 28 kc, where the level exceeds that 
of the midrange. The feedback has little control beyond 
11 kc, and the peak at 28 kc appears to be due solely to a 
secondary mechanical resonance. This rise in response serves 
a useful purpose, however, because the system may be equal- 
ized to a point well beyond 20 kc by the insertion of a single 
equalizer to boost the level in the 15-kc range. Recordings 
at 78 rpm, with subsequent reproduction at 331% rpm to 
reduce the effects of reproducer losses, were used to estab- 
lish these data, and the results agree in general with optical 
calibrations. With this method, experimental recordings 
have been made, without any equalization, which repro- 
duced flat within +3 db from 20 cps to 36 kc. The presence 
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Fic. 6. Grooves recorded with square waves. 


of heater wires and dust covers produces minor effects in the 
extremely high-frequency range. The long slender styli used 
with heat appear to produce no changes whatever. Further- 
more, the mechanical impedance of the recorder is so high 
in this range, in spite of the loss of feedback, that variations 
in recording materials produce little effect. 


SQUARE-WAVE TESTS 


When square waves are recorded on a disk with a constant- 
velocity characteristic, they present the appearance of tri- 
angular or “zigzag” patterns. An example of square-wave 
recording is shown in Fig. 6. This shape results because the 
usual expression for square waves is integrated to the tri- 
angular form by the recording process. Conversely, the re- 
producing process differentiates them back to a square wave 
in reproduction. This latter effect may be visualized by the 
fact that the triangular grooves impart constant motion to 
the stylus with sudden changes in direction. Since constant 
stylus velocity generates constant reproducer voltage, the 
motion imparted to the reproducer generates alternate fixed 
voltages, hence the resulting square waves. 

The recordings illustrated in Fig. 6 were made with the 2B 
recorder and RA-1541-A amplifier combination. The 60-cps 
section was made on a synchronous recording machine and 
at a very high amplitude to better illustrate the interesting 
triangular wave form. Incidentally, this track cannot be 
reproduced by standard reproducers, as they find difficulty 
tracking triangular waves of much less amplitude. Possibly 
these waves may serve in testing the relative tracking abili- 
ties of reproducers. 

Square-wave testing is becoming widely used in providing 
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useful information, particularly in regard to devices which 
may overshoot or “ring” when subjected to a sudden input 
voltage. This applies to mechanical as well as to electrical 
circuits. Square waves indicate the generation of distortion 
during transient operation, such as with program material, 
which may not be indicated by other means. The results of 
square input voltages into the disk system are shown in Fig. 
7 under the conditions indicated therein. Reproduction 
from the record was made with a typical variable-reluctance 
cartridge. For the purposes of these graphs a small amount 
of low-frequency boost was added to offset the generally pre- 
ferred slightly drooping low-end characteristic used in re- 
cording. Without this change, the existing pnase shift at 
these frequencies caused a slight amount of tilt in the square 
waves. The differences between the three reproducing con- 
ditions at 1 kc may be due to dynamic changes in the repro- 
ducer as well as to changes in high-frequency response. The 
150-cps monitor view shows a slight excess of the funda- 
mental frequency, and its reproduction, in turn, shows a 
slight phase shift in the fundamental. It is apparent that the 
over-all result is good in all cases and that the recorder and 
amplifier combination itself is capable of meeting very strict 
square-wave requirements. 


AMPLITUDE DISTORTION 


As previously indicated,’ the inherent distortion of the 
recorder is so low, even at high amplitudes, that care must be 
taken in selecting a reproducer capable of measuring grooves 
recorded at such amplitudes. However, the following meas- 
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1KC REC. 76 REP 33 11” DIA. 


1 KC REC. RB REP AT 33% 6° DIA. 


Fie. 7. Square-wave photos from monitor and reproducer sig- 
nals. 
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INTERMODULATION MEASUREMENTS 


LF Monitor 


output 


Reproducer 
amplitude output 


+ 0.00025 0.5% 
+ 0.0005 y 11 
+ 0.001 J 15 
+ 0.00025 le 1.6 
+ 0.0005 m 2.0 
+ 0.001 y 2.6 
+ 0.0005 P 3.6 


HF 


2 ke 
2 ke 
2 ke 
7 ke 
7 ke 
7 ke 
12 ke 


urements indicate very satisfactory over-all results using a 
standard variable-reluctance cartridge at amplitudes encoun- 
tered in microgroove recordings. These measurements were 


made on standard recording blanks with typical pre- and 
post-equalizers in the circuit to conform to commercial prac- 
tice. The intermodulation appears to be independent of 
recording diameter. 


CONCLUSION 


Original recordings of full orchestral music and dialogue 
sequences, using the latest disk techniques, have impressed 
critical listeners with their dynamic range, purity of tone, 
and extraordinary freedom from intermodulation during 
the most complicated passages. The quality of these recerd- 
ings has created a new respect for disk recording among 
those engaged largely in other methods of recording. The 
lateral disk recorder described in this paper, in addition to 
retaining the operating characteristics of the earlier 2A 
model, incorporates new and improved design features per- 
mitting high-fidelity reproduction from 30 cps to at least 
15 ke. 
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A Stable Laboratory Standard Condenser Microphone” 


J. F. Houpex, Jr. 
Kellogg Switchboard and Supply Company, Chicago, Illinois 


A laboratory standard microphone must provide dependable calibration stability, satisfactory 
performance, and reliability. The rugged construction of the Kellogg microphone and a spring- 
loaded rear electrode assembly are intended to maintain constant diaphragm tension for improved 
stability. Appropriate modifications of the acoustic controls provide either a pressure-type or a 
free-field type of microphone. Each microphone has uniform characteristics and meets the ASA 
performance requirements for its type. Supporting performance data and other information relative 


to condenser microphones are presented. 


INTRODUCTION 


a KELLOGG microphone does not differ in principle 

from the usual precision condenser microphone. It is 
essentially a stretched circular membrane near and parallel 
to a circular electrode. Since the theoretical aspects of the 
condenser microphone and the effects of basic acoustic con- 
trols on its performance have been extensively treated in the 
literature, this phase will not be covered here.'* Histori- 
cally, the development of condenser microphones in the lab- 
oratory of the Kellogg Switchboard and Supply Co. was 
started during 1932. In 1935, two practical designs were in 
use (Fig. 1), one four times as large as the other. Both types 
were used for more than ten years before preference for the 


ral 


Fig. 1. Early Kellogg condenser microphones. 


* Presented at the Sixth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-16, 1954. 

1P. M. Morse, Vibration and Sound, pp. 160-173, McGraw-Hill 
Book Co., New York, 1948. 

2 Theodore R. Bonn, “An Ultrasonic Condenser Microphone,” 
J. Acoust. Soc. Amer., 18, 496-502 (October, 1946). 


smaller and development of the art caused the larger to lapse 
into obsolescence. Subsequently, only the midget version of 
this microphone has been manufactured. Models of the early 
designs were incorporated in different types of test equipment 
where they gave satisfactory performance, especially with 
respect to stability of calibration and adequacy of frequency 
characteristics. Design improvements of a minor nature 
have been made from time to time as a result of experience 
in the use and application of the microphone. Beginning 
with World War II, Kellogg microphones were made avail- 
able to other users, such as government laboratories, educa- 
tional institutions, and manufacturing companies. 

The present preferred method of calibration, the reci- 
procity method,*+ was not in general use when the micro- 
phones were first made. Level calibrations for Kellogg’s use 
were made by the comparison method, with a calibrated 
microphone for reference. 

Frequency response was determined by the electrostatic 
actuator method. After developing the reciprocity calibra- 
tion apparatus for Kellogg microphones (Fig. 2), we were 
surprised to find that agreement between the two methods 
was within 0.5 db up to and including 13,000 cps. Even after 
the reciprocity method became available, we found it advan- 
tageous to use the actuator to obtain relative sensitivities to 
frequencies extending well above the accurate range of the 
reciprocity apparatus, since calibrations by the actuator are 
not limited by frequency and are unaffected by the charac- 
teristics of the gas. 

More recently, emphasis has been placed on free-field com- 
parisons of two microphones, slightly different in contour, in 


3L. L. Beranek, Acoustic Measurements, pp. 113-148, John Wiley 
& Sons, New York, 1949. 

4A. L. DiMattia and F. M. Wiener, “On the Absolute Pressure Cali- 
bration of Condenser Microphones by the Reciprocity Method,” 
J. Acoust. Soc. Amer., 18, 341-344 (October, 1946). 
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Kellogg reciprocity apparatus—driver, cavity, and pre- 
order to determine and, if necessary, eliminate any undesir- 
able characteristics attributable to the size and shape of the 
current Kellogg microphone. The tests indicated no impor- 
tant undesirable characteristics and only a slightly greater 
directivity in the field pattern of the current free-field type 
over a proposed improved type. 


DESIGN CONSIDERATIONS 


With regard to performance, all the essential design con- 
siderations deemed necessary for the microphone were not 
specifically stated at the beginning of the development. With 
time and study the following requirements evolved: 

1. The device should faithfully transduce speech and mu- 
sic at the intensities and frequencies normally encountered in 
audio work. Since it was to be the company’s standard, both 
in the laboratory and in the factory, special emphasis was 
placed on the ruggedness and stability of the unit. 

2. The diaphragm size was restricted in order to make it 
compatible with the preferred dimensions of the 6-cc artificial 
ears and couplers used in telephone receiver work. 

3. From the diaphragm diameter so chosen, the design of 
the body was developed, with the intention that it be as small 
in size as possible but have an ample wall thickness to ensure 
stability of performance. A flange was provided to simplify 
the mounting and positioning of the microphone to the 
coupler or cavity with which it was to be used. This flange 
also added considerable rigidity to the body and further pro- 
tected the diaphragm against possible strains of mounting in 
couplers. 

4. Where a microphone was desired for free-field applica- 
tions, such as calibration of artificial voices, measurement of 
sound levels, studio and broadcast pickup, and the like, it 
was deemed advantageous to use the same microphone con- 
struction and to alter only the acoustic controls to attain 
more uniform free-field audio characteristics. 

5. In later stages of the development, commercial require- 
ments have led to higher insulation resistance, to an extension 
of the range of relatively uniform frequency response, and to 
linearity at higher sound levels. The need for an unques- 
tionably accurate method for calibration of the microphone 
led to the development of the reciprocity calibration appar- 
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atus. A minor refinement was required to prevent measur- 
able hydrogen leakage when the microphone is used in its 
cavity. 

6. In the condenser microphone, a compromise is involved 
between sensitivity and other performance factors. With our 
emphasis on reliability and lowered distortion, the resulting 
sensitivity lies slightly below that of the highest output 
microphones of this class. 


DESCRIPTION OF THE DESIGN 


Externally, the Kellogg condenser microphone (Fig. 3) 
has an over-all length of 11 in. without the grille. The main 
body diameter is 1 in.; the flange at the front end has a 
diameter of 1'4 in. The heavy wall thickness and the flange 
to which the diaphragm is clamped provide excellent dimen- 
sional stability. The microphone is furnished with a remov- 
able protective grille which should not be used in couplers. 

Figure 4 illustrates the internal construction and indicates 
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Fig. 3. Outline dimensions of current microphones, 


Fic. 4. Sectional view of the microphone. 
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Fie. 5. Adapter units. 

the spring loading used to maintain constant tension on the 
diaphragm under slight dimensional changes (which might 
result from temperature variations and/or stretching of the 
diaphragm). In the figure, the free-to-move back electrode 
assembly is shown separated from the diaphragm in order to 
clarify construction details. Also shown is the large contact 
area between the tensioning edge and the diaphragm, which 
serves as an air seal and obviates the necessity of placing the 
microphone in a desiccator between periods of use. The 
resonant cavity, although not clearly shown in Fig. 4, is lo- 
cated behind the fixed electrode and is coupled to the cavity 
of 0.0008 to 0.0012 in. in height at the rear of the diaphragm 
by means of eight intercommunicating holes. The reaction 
of this acoustical circuit has been carefully chosen to provide 
a compromise which flattens the resonance of the diaphragm 
and extends the range of the frequency response. 

The microphone has good shock resistance to all forces 
except those directed approximately perpendicular to the dia- 
phragm. The weight is approximately 80 grams (2.8 ounces), 
and the unit is mounted by a substantial thread. Pressure 
should not be applied to the central electrode pin; a sliding- 
action spring clip connection, as shown in the adapter units 
(Fig. 5), is recommended. An adapter unit is used when it 
is necessary to couple the 25/32 in. 32 thread of the Kel- 
logg microphone to preamplifiers which have a 29/32 in. 
< 60 thread. 


PERFORMANCE CHARACTERISTICS 


In studies on the condenser microphone under conditions 
which were more severe than normal use, it was found difficult 
in many cases to segregate environmental influences on the 
associated equipment. At other times these factors cannot 
be extracted, since the changes occurring in the microphone 
are of the same order as the accuracy of the testing equip- 
ment, and it is necessary to express the results in terms of 
data obtained from the entire system. We have found it 
advantageous to attach the preamplifier directly to the micro- 
phone in order to obtain consistent and reproducible labora- 
tory results.® Since the microphone’s output impedance is 
high in the audio range and requires a very high load im- 
pedance, the usual cathode follower is recommended for audio 
work. Various commercial preamplifiers are available and 


5 L. L. Beranek, op. cit., pp. 221-223. 


adaptable as an extension to the microphone which forms the 
nosepiece. At present, in our laboratory, we use a modified 
Cruft cathode-follower type of circuit which is flat from 
about 1 cps to over 50,000 cps.* For free-field work, we 
have been using both the above and the Audio Instrument 
Company’s preamplifiers, which are smaller in size. 

Typical frequency response data on the Kellogg Type A 
and Type B microphones are summarized in Figs. 6 and 7. 
With reference to Fig. 6, the open-circuit voltage audio- 
frequency response to a constant sound source is shown for 
free-field and cavity conditions. The performance of the 
Type A microphone in cavities such as that of the reciprocity 
coupler in an atmosphere of hydrogen is shown as curve C. 
The response rise of the first resonant mode of vibration of 
the diaphragm is not removed entirely, and, by the appro- 
priate control, uniformity of response with respect to the low 
and middle frequencies as a base is improved. If the cavity 
type of microphone is used in the free field, however, the 
remaining resonant frequency rise, plus the diffraction ef- 
fects to sounds at perpendicular incidence to the microphone 
diaphragm, result in the usual somewhat excessive peak in 
the 10-kc region. This field pattern is, however, the usually 
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Fig. 6. Type A microphone typical voltage-frequency response. 
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Fic. 7. Type B microphone typical voltage-frequency response. 


6 OSRD No. 3105, “Sound Pressure Meter,” Section D, pp. 155-170 
(1944). 
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A STABLE LABORATORY STANDARD CONDENSER MICROPHONE 


accepted characteristic when a microphone designed for both 
cavity and free-field applications is used. Again, with refer- 
ence to curve C it is clearly indicated that the microphone 
provides a uniform response in cavity work. Also included 
in this design is the consideration that higher sound intensi- 
ties are obtained in couplers, especially in tests concerned 
with overload and high-intensity linearity tests on receivers. 
Therefore, the Type A cavity microphone has a slightly 
greater electrode spacing and a resulting lowered sensitivity 
to handle sound pressures of 1500 to 2000 dynes/cm? with 
linearity. 


In Fig. 7, the Type B free-field microphone has, in curve 
C, a gradual rolloff characteristic when tested in a reciprocity 
calibration coupler, showing that the first resonant mode is 
deliberately suppressed to provide the uniform free-field re- 
sponse indicated in curves A and B. The flat response char- 
acteristic in the free field is desired for high-fidelity recording 
where a single condenser microphone suitably located is used 
to pick up sounds of large orchestras. Here, since the sounds 
reach the microphone at random incidence, the deviation 
from linearity is small and extends as slight, very uniform 
changes over a broad range of frequencies and is undetectable 
audibly. As shown in curves A and B the response to fre- 
quencies above about 3500 cps can be emphasized or de- 
emphasized to a degree or rendered relatively flat by posi- 
tioning the microphone diaphragm with respect to the inci- 
dence of the sound. This may appear to be a fine point, 
coming as it does just after mention of the fact that the re- 
sponse is very uniform to orchestral sounds reaching the 
microphone in random incidence. Nevertheless, the sugges- 
tion here is concerned with close microphone recording where 
it is desired to provide some high-frequency emphasis or a 
slightly accentuated brilliance to an orchestra, an orchestral 
section, or a voice. Similarly, where de-emphasis of bril- 
liance is desired without increasing the distance from the 
microphone (and thus losing presence), proper positioning 
may be employed. Where slightly increased microphone 
spacing is preferred in order to prevent blasting, microphone 
orientation can be employed to recreate the timbre qualities 
of close placement. 


Extension of the reciprocity and free-field comparison 
curves to 15,000 cps shows no sharp peaks or deviations from 
uniformity. Carrying the investigations further by the ac- 
tuator method has shown that the uniform rolloff carries on 
to ultrasonic frequencies in the free-field version. A sec- 
ondary peak which occurs at about 16,000 cps on the Type A 
microphone is of little concern in cavity work. Since the 
frequency-response characteristic is relatively uniform over 
the range of component frequencies of transients, the response 
of these microphones is excellent for highly transient sources, 
such as speech and musical percussive sounds of the piano, 
cymbals, and the like. Listening tests, we feel, verify that 
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sounds of this character are reproduced with unusual clarity, 
crispness, and liveness. 

The following data, taken from studies on the microphone 
for our own purposes, may be of interest. Sound pressure 
of 154 db (referred to 0.0002 dyne/cm*), which is the out- 
put limit of our current facilities, was applied to the micro- 
phones, and no electrical failures resulted. Although the 
microphones were found to be linear in output voltage with 
respect to applied signal, the system distortion in this test, 
as measured on a harmonic distortion meter, for the Type A 
microphone was about 3% and for Type B about 4% when 
200 volts of polarization was used. The system distortion 
dropped to below 1% for Type A at 142 db, and the cor- 
responding distortion point for Type B was about 134 db. 
Since the distortion values obtained were well below the ASA 
requirement, no attempt was made to eliminate the distortion 
introduced by the sound source and preamplifier circuits 
used.’ Therefore, our rating of the microphones based on 
the overload point for Type A is 140 db, and for Type B 
it is 130 db, values which allow a good margin for faithful 
reproduction. To indicate that distortion is a function of 
loudness of signal, when two microphones were used in a 
coupler—one as the source and the other as a microphone— 
the total distortion in our reciprocity apparatus was less than 
1% at 85 db. This is the maximum level obtainable. As- 
suming that one-half the total distortion was associated with 
each microphone, the distortion at this level was considerably 
less than 0.5%. 


The insulation resistance of the microphones, when meas- 
ured with 250 volts dc applied, is over 200,000 megohms for 
normal room conditions and has been found to remain at 
that figure indefinitely. Type A microphones usually with- 
stand dc voltages of 385 volts, and Type B, 270 volts dc. 
Individual microphones deviate from the usual breakdown 
values within -10 to +20 volts. The recommended polar- 
izing voltage is 200 + 20 volts, which provides an adequate 
safety factor for a simultaneously applied polarizing voltage, 
loud signal, and physical jolt. 

As a result of adequate factors of safety—namely, a suf- 
ficient breakdown voltage, high insulation resistance, a ten- 
sioned diaphragm, and special attention to cleanliness in 
manufacture—a low value of self-noise is obtained. Meas- 
urements to obtain the self-noise of the microphone showed 
that it is below the measuring capabilities of our equipment. 
The noise level of the preamplifier was below 0.0001 volt, and 
this below-scale reading was not altered with or without the 
microphone in the circuit. This value is in agreement with 
published information on such a device, which for inherent 
noise considerations may be considered as a 40-ypf capacitor 
shunted by a resistor of 20 megohms.*® 


” PES Beranek, op. cit., p. 220. 
L. 


8 L. L. Beranek, op. cit., pp. 221-223. 
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These microphones, when cycled through temperature 
changes from —50° to +60°C, were found to maintain 
calibration accuracy. Whereas the ASA specifications allow 
0.05 db change per degree centigrade, the Kellogg micro- 
phones appeared to vary only 0.02 db or less. This value 
cannot be presented with a higher degree of certainty at 
present, since it is difficult to extract all effects of temperature 
variations occurring in the associated equipment. 

The construction is such that, when the rear of the micro- 
phone is open to the pressure existing on the front of the 
diaphragm, equalization to changes in pressure results. In 
laboratory tests, a pressure change from 10 mm to 740 mm 
of mercury over a 10-second period caused no visible distor- 
tion of the diaphragm. However, this same degree of pres- 
sure change during a 5-second interval caused the diaphragm 
to contact the rear electrode. Although this treatment did 
not affect the performance of the microphone, it is recom- 
mended that such changes be extended over a period of time 
somewhat greater than 10 seconds. We further recommend 
that the polarizing voltage be removed during extensive pres- 
sure changes to prevent possible sparking and resulting elec- 
trical deterioration of the microphone. 


PERFORMANCE LIMITATIONS 


For accurate work we wish to review certain precautions 
which are important when using condenser microphones. 
Since they have the characteristics of high-impedance elec- 
trical devices and use air for the dielectric and working me- 
dium, corrections for environmental influences should be 
made when the latter are abnormal. Altitude changes affect 
the acoustic controls, and corrections for the altered fre- 
quency characteristic must be made when large changes are 
involved. When the microphones are used for calibration 
work where the greatest accuracy is required, corrections for 
these variables and, in some cases, for the capacity change 
should be applied. If not abused, the microphones are stable 
and have maintained calibration over extended periods of 
time. For all ordinary types of use, such as in factory and 
laboratory equipments and in broadcast and recording work, 
the Kellogg microphones remain uniform. There is no need 
to store these microphones in a desiccator except possibly for 
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long-time (five years or more) storage of verification stand- 
ards. 

Some condenser microphone characteristics are useful in- 
dicators of questionable performance. Where the calibration 
or sensitivity shifts sharply, the microphone can be suspected 
of having been mishandled or having become defective. A 
measurement of the insulation resistance (through a 1- 
megohm protective resistor) and of its capacity should be 
made. If the insulation resistance changes are 15% or less, 
the damage is slight and the microphone is still serviceable. 
Each change in capacity of 1 pyf changes the sensitivity by 
about 0.1 db, and if the change exceeds 4 pyf the sensitivity 
and frequency characteristic will be seriously altered. An 
unsatisfactory microphone is usually characterized by flash- 
overs or noise which make it necessary to remove the micro- 
phone from service, usually before frequency-response de- 
terioration would be suspected. 


CONCLUSIONS 


The stretched diaphragm condenser microphone has been 
long recognized as having very uniform frequency response, 
a wide dynamic range, low distortion, and low noise. Present- 
day recording techniques and higher quality reproducing sys- 
tems demand these performance advantages. The Kellogg 
microphone meets these requirements and also provides a 
good degree of ruggedness and calibration stability without 
sacrificing any of the aforementioned desirable character- 
istics. Further, the bandwidth of the microphone has been 
extended by allowing slight deviations from linearity. Since 
these deviations are slight and spread out over a broad range, 
they are not audibly detected. Our studies on frequency 
characteristics show these methods to be advantageous and 
emphasize the necessity for the two types of microphones, 
each specialized for its field of application. 
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A Twin-Lever Ceramic Cartridge” 


B. B. Baver,t L. Gunter,} and E. Seecer$ 
Shure Brothers, Inc., Chicago, Illinois 


High fidelity is reaching into millions of American homes, and with it comes the necessity of 
providing high-quality pickup cartridges suitable for this purpose. The twin-lever ceramic cartridge 
is designed to meet this need. Advantages of ceramic elements in this type of application are 


described. 
mass, high compliance, and efficient coupling. 


In the twin-lever cartridge a double-lever arrangement is used to provide low needle 
Individual needles are provided for fine-groove and 


78-rpm disks, and a cam-operated transport mechanism positions the required needle in the trans- 
ducer assembly. Especially convenient is the easy needle replacement feature which permits sightless 


replacement of worn or damaged needles. 


The new cartridge fits standard mountings and weighs 


7% grams. The response equals that of many custom-built high-fidelity pickups. 


INTRODUCTION 


HE INCREASING interest of the general public in high- 
fidelity reproduction has prompted active efforts on the 
part of radio and phonograph manufacturers to design home 
instruments of much higher fidelity than have been available 
heretofore. With this has arisen a demand for pickup cart- 
ridges especially suitable fer this application. 

Mechanical and operational simplicity, ability to withstand 
careless handling, and low cost—these demands of the com- 
mercial market, added to the technical requirements of high- 
fidelity reproduction, have imposed serious problems in 
pickup cartridge design. Following is a list of characteristics 
desired in pickups of this type: 

. An extended response-frequency characteristic. 

. Ability to operate satisfactorily in conventional record 

changers. 

. Adaptability to various arm-mounting requirements. 

. Quick and simple switching of needle points for different 
types of records. 

. Ability to perform with needle loads of 4 to 6 grams, 
combined with ability to withstand much greater loads 
without damage. 

. Sufficient output voltage to drive the first audio stage of 
a conventional radio set. 

. Long life and durability under various conditions of heat 
and humidity. 

. Sufficient sturdiness to withstand the rough handling 
which is apt to occur in the home. 


* Presented at the Sixth Annual Convention of the Audio Engineer- 
ing Society, New York, October 14-16, 1954. 

t Vice-President, Engineering. 

¢ Senior Development Engineer. 

§ Development Engineer. 


9. Ease of needle replacement. 
10. Design adaptable to mass-production techniques. 

After consideration of the various available transducing 
means, a ceramic element was chosen. Ceramic elements pro- 
vide sufficient output to drive the grid of the first audio stage 
in a radio set. They are stable and relatively unaffected by 
heat and humidity. Ceramics are not sensitive to the mag- 
netic fields from the record-changer motor and other hum- 
producing elements. They are not attracted to steel turn- 
tables. Being displacement-responsive, they pose fewer 
equalization problems than do the velocity-responsive pick- 
ups. In addition, ceramic pickup cartridges can be made 
small and light, consistent with low needle loads and modern 
design trends. 


THE TWIN-LEVER PICKUP 


The manner in which the above-mentioned requirements 
are incorporated in the twin-lever pickup is shown in Fig. 1. 
The transducer element consists of two thin ceramic wafers 
attached together and polarized to produce voltage when 
bending stresses are applied. This ceramic element is held 
firmly at one end between two elastomer pads. The other 
end is attached to a coupler lever. The coupler lever is held 
at one end in an elastic pivot. The other end of this lever 
is bifurcated and forms a saddle which receives the needle. 
The needle forms the second lever, having one end flattened 
in the vertical plane to provide a flexible pivot; the other 
end has a stylus which is in contact with the record groove. 
Therefore, the ceramic element is driven by a system of 
second-order levers. The lever ratios may be selected to pro- 
vide impedance match between the record groove and the 
element, as may be required. For example, if the ceramic 
element is mounted close to the pivot point of the coupler, as 
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Fic. 1. Basie mechanism of the twin-lever pickup. 


shown in solid line, the coupling lever provides a high lever 
ratio, resulting in a high lateral needle compliance and a 
relatively low output voltage. This condition might be 
chosen when fidelity is the primary requirement. If the cer- 
amic element is located further from the pivot point, as 
shown by the dotted line, higher voltage will result at the 
expense of compliance. This condition may be desired in 
applications requiring higher output at some sacrifice in com- 
pliance, which is generally the case when cost reduction is an 
important factor. 

In addition to the lateral compliance, vertical compliance 
must be considered. The vertical compliance of the needle 
point. should be sufficiently high to provide proper tracking 
with respect to the pinch effect. However, excessive vertical 
compliance may produce flutter owing to the vertical reso- 
nance of the tone arm, or it is apt to cause bouncing and 
skipping of initial grooves during the record-change cycle. 
Vertical compliance may be controlled by choice of the elastic 
pivot at the base of the lever and by selection of needle cross 
section. If the pickup is accidentally dropped upon the 
record, the elastic pivot absorbs the shock, preventing dam- 
age to needle and the transducer element. 

The dual-lever system has been evolved as a practical 
solution to the problem of matching a relatively stiff piezo- 
electric body to record grooves. This problem has been 
gaining in importance during the recent years. The compli- 
ance of a practical piezoelectric element may be of the order 
of 0.25 microcm/dyne, whereas satisfactory tracking is 
known to require a minimum compliance of the order of 
1 microcm/dyne.' In the early days of Rochelle salt pickups 


1B. B. Bauer, “Phonograph Reproduction,” Convention Record of 
the IRE, pp. 3-15 (1953). 
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the piezoelectric crystal was held rigidly at one end, and a 
suitably flexible stylus was placed at the other end (Fig. 2A). 
Another means frequently employed was to attach the stylus 
rigidly to the crystal and to mount the crystal in a flexible 
manner (Fig. 2B). There were, and still are, many varia- 
tions of these schemes, having a common feature in that 
the required compliance is achieved by absorbing the mechan- 
ical energy in the inert compliant member. This absorbed 
energy does not find its way into the piezoelectric element 
and produces no useful output, resulting in inefficient opera- 
tion. This inefficiency was tolerable in the days of 1-ounce 
pickups playing on 78-rpm records. With the advent of fine- 
groove records requiring pickup loads of 6 grams or less, 
means had to be found to improve the efficiency of coupling 
between the needle tip and the piezoelectric body. This is 
done, for example, in the lever-type pickups as shown in 
Fig. 2C.2. The lever provides an increase in compliance and 
a decrease in effective mass corresponding to the square of 
the lever ratio, (L2/L,)*, and an efficiently designed lever 
will transfer most of the energy applied to the stylus to the 
piezoelectric element. When large lever ratios are desired, 
however, the fulcrum and the load points are brought close 
together, or, conversely, the lever must be made very long. 
By using two levers, as shown in Fig. 2D, the effective in- 
crease in compliance and decrease in effective mass is 
(L2/L,)* (L4/L3)*. By these means, suitable compliance 
and a low effective mass at the needle tip may be obtained 
by the use of two levers of reasonable dimensions and lever 
ratio. This is a special advantage with piezoelectric ceramics, 


Fic, 2. Transducer driving means: A, compliance achieved by 
elastic drive; B, compliance achieved by elastic mounting; C, 
single-lever system; D, twin-lever system. 


2B. B. Bauer, “A New Crystal Pickup Cartridge,” Radio News, 
32, 44-46 (November, 1944). 
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Fic. 4. Coupler and needle path during needle-shifting opera- 
tion. 


which, at this writing, are not so efficient as Rochelle salt 
and hence require a highly efficient coupling system for ade- 
quate sensitivity. In the twin-lever pickup, the lever ratio 
can be adjusted from 2:1 to 4:1, resulting in compliance 
transformation of 4:1 to 16:1 and mass transformation of 
1:4 to 1:16, respectively. 

For the purpose of providing two separate styli for playing 
of 78-rpm and fine-groove records, we have decided to use 
two separate needles, each needle having physical charac- 
teristics which are optimum for the record intended. To 
| bring the desired needle into operation, a transport mechan- 
| ism is provided which is activated by a knob-operated cam. 
The arrangement is shown in Fig. 3. The photograph on 
the left shows the LP needle in playing position and the 78- 
rpm needle disengaged. The center photograph—with knob 
rotated 90°—shows both needles lifted and disengaged. 
| When the cam mechanism is rotated 180°—as shown in the 
right-hand photograph—the fine-groove needle is removed 
| from the saddle and set aside while the 78-rpm needle is 
| placed in the identical position previously occupied by the 
} fine-groove needle. The motion of the needles during the 
| shifting cycle is shown in Fig. 4. 
| Different changer-arm designs require the use of different 
§ types of knobs for the most advantageous operation and best 
| appearance. A choice of either of two types of knobs is pro- 
| vided. In Fig. 5 are pictured two pickups, one showing a 
} front knob and the other a side knob. 

The question of replaceable vs nonreplaceable needles in 
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high-fidelity pickups has been subject to considerable debate. 
It was decided that a pickup for use by the public should 
have a replaceable needle—one which could be replaced with 
ease. Sapphire and osmium-tip needles ordinarily require 
replacement after 50 to 200 hours of use. Careless operation 
in the home may cause the bending or chipping of the needle. 
One of the most frequent complaints in the past made against 
pickup manufacturers has been the relative inaccessibility 
of the needle and the difficulty of needle replacement. Fre- 
quently a serviceman has to be called to replace a needle. 

In the twin-lever cartridge, needle replacement is very 
simple and may be performed without even looking at the 
cartridge. As shown in Fig. 6, the user is instructed to 
unscrew the knurled screw as far as it will go. The needle 
assembly is grasped between the thumb and forefinger and 
removed from its seat; then a new needle assembly is inserted 
in place and the thumb screw is tightened. The contour of 
the transport mechanism is designed to guide the needle 
assembly into the proper position. 

Figure 7 shows the needle assembly. The use of the sepa- 
rate and distinct needles has important advantages. It is 


well known, for example, that 78-rpm records have a greater 
groove modulation than the fine-groove records. This makes 
it necessary to readjust the volume control of the record 
player when switching from 78-rpm to fine-groove records 
or vic: versa. Through appropriate design of the needles, 
the vo'tage sensitivity of the pickup can be made greater 


Fic. 5. Twin-lever cartridges with front- and side-acting knobs. 


Fic. 6. Method of replacing needles in the twin-lever cartridge. 
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with the 1-mil needle than with the 3-mil needle, to provide 
nearly equal output from both types of records. Conversely, 
78-rpm records require a greater compliance for a given 
needle load than do the fine-groove records, and this can also 
be corrected, at least in part, by the use of two separate 
needles. 

Depending on the individual manufacturer’s requirements, 
the needle tips of the twin-lever pickup can be furnished in 
precious-metal alloy, sapphire, or diamond. 


Mounting Arrangements 


The twin-lever cartridge is mounted by the two ears 
riveted on either side of the cartridge. Many different 
mounting arrangements are possible. Some of the arrange- 
ments already in use are shown in Fig. 8. Because the 
needle-shift mechanism is a part of the cartridge proper, the 
twin-lever cartridge attaches directly to the pickup arm as 
against mounting on turnover brackets, etc. This obviates 
the set-down tolerance problems which exist when a turnover 
type of cartridge is used in a conventional record changer. 
The playing needle of the twin-lever cartridge is in exactly 
the same position relative to the arm at all times. This is of 
paramount importance for proper needle setdown in record- 
changer operation. 


Performance Characteristics 


We have mentioned the fact that different characteristics 
are obtainable by choice of lever ratio and needle design. 
Two basic types of twin-lever cartridges are currently avail- 
able, and each of these is available with the choice of front- 
type knob or side-type knob. For the higher fidelity appli- 
cation, cartridges designated as PC4 and PC5 are recom- 
mended. The digit designation differentiates between the 
front-knob type and the side-knob type. The response- 
frequency characteristic of this type of pickup played on 
representative test records is shown in Fig. 9. The A 
response is with a 3-megohm load, and the B response is 


Fic. 7. Needle assembly. 
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Fie. 8. Mounting ear variations for the twin-lever cartridge. 
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Fic. 9. Response-frequency characteristic of PC4 and PC5 twin- 
lever pickup cartridges. 


with an additional C-R compensation circuit. The dashed- 
line curve is the response objective on these test records to 
meet AES required specifications. It is seen that the re- 
sponse of the twin-lever cartridge is very close to the AES 
response, even without equalization circuits. Conventional 
tone control may be used, of course, to adjust the charac- 
teristics in any desired manner. 

For circuits which require a higher output voltage, 
with a moderate sacrifice of frequency response at the ex- 
treme high end, models PC2 and PC3 are available. 
Again, the digit designates the choice of knob. The response- 
frequency characteristic of this type of pickup is shown in 
Fig. 10. In this particular pickup, the needle intended for 
78-rpm use is designed to provide somewhat higher compli- 
ance than that intended for fine-groove use. This promotes 
suitable tracking conditions at all speeds and tends to equal- 
ize the outputs from various types of records. 


Low-Impedance Inputs 

Many high-fidelity enthusiasts are hesitant to test ceramic 
pickups because preamplifiers with high-impedance inputs 
are not widely available. It should be noted that the twin- 
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lever pickup will operate satisfactorily even with most low- 
impedance circuits. This is because of the capacitive charac- 
teristic of the ceramic element. A resistance of 100,000 
ohms connected across its terminals will convert it from a 
displacement-responsive device to a velocity-responsive de- 
vice—with a characteristic quite similar to that of a magnetic 
pickup. The response of a PC4 twin-lever pickup connected 
in this manner is shown in Fig. 11. The resulting output 
voltage is too high for most preamplifiers, and a tap at about 
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FREQUENCY IN CYCLES PER SECOND 
Fic. 11. Response-frequeney characteristic of PC4 and PC5 
showing velocity response with low resistive loads. 


15,000 ohms is recommended. This response curve follows 
the velocity characteristic of the test record, showing that a 
velocity response has been attained. 


CONCLUSION 


Operational tests have indicated that the principal design 
objectives listed at the beginning of this article have been 
achieved with the twin-lever cartridge. It is our opinion 
that listening tests show this cartridge to be equivalent, or 
superior, in performance to other cartridges available for 
high-fidelity systems. We believe that its ruggedness and 
simplicity, coupled with ease of needle replacement, make it 
an ideal cartridge for use in the home. 
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Multidirectional Reproduction and Re-recording of Music 
from a Single Sound Source” 


E Cartes D. Linpripcet 


Simulated stereophonic reproduction of music from a single sound source may be obtained in 
a commercial sound system by the use of treble and bass speakers, located a distance apart from side 
to side, and connected to the amplifier through a dividing network. An arrangement is described 
which is similar, but in place of a single amplifier and output dividing network use is made of two 
. amplifiers, one for treble and one for bass, and suitable controls are provided at the inputs of the 
6 amplifiers in order to obtain the required crossover. The effects of various slopes in the character- 
} istics of the relative levels of sound from the two speakers are described, and factors which affect 
the crossover frequency are referred to. It is concluded that readjustment of the controls during 
reproduction of a musical selection is not necessary, provided that occasional shifting of the apparent 
location of the sound sources can be tolerated. For re-recording of music from a single track onto 
& two sound tracks, however, frequent or constant readjustment is necessary during a musical selection 
2 to obtain the greatest stability in the directions of the apparent sound sources which is possible 


’ with the use of the arrangement. 

; 

. REPRODUCTION OF MUSIC do not noticeably change with variations in the fundamental 
: -. poeta agenenes stereophonic reproduction of music from a frequencies. If sounds were heard from the directions of 


single sound source may be obtained in a commercial 
sound system by using treble and bass speakers, located a 
distance apart from side to side, and connected to the am- 
plifier through a dividing network. 

In the arrangement for reproduction of music described 
herein, and as shown in Fig. 1, similar speakers are similarly 
located but are connected to individual amplifiers. Controls 
are provided at the inputs of the amplifiers to obtain the 
required crossover. This has advantages over the output 
dividing network arrangement but is less suitable for home 
use, owing to the cost of the additional amplifier which is 
required and because of the relative complexity of the 
controls. 

With the arrangement of Fig. 1 the directions from which 
musical sounds are heard are those in which there is most 
energy in them. The dominant resonance regions, or 
formants, of voices and instruments determine the directions. 
As the notes of an instrument go down the scale, the dom- 
inant resonance region goes down somewhat irregularly but 
much less rapidly, so that the lowest region is much higher 
than the lowest fundamental frequency. 

The gap between the lowest dominant resonance region 
and the lowest fundamental frequency permits the crossover 
to be located in the frequency spectrum so that the sounds 
of all prominent instruments are heard from directions which 


* Received May, 1954. 
+ 10 Rockledge Road, Montclair, New Jersey. 


their fundamental frequencies, the directions would con- 
stantly change and satisfactory reproduction would be 
impossible. 

Most of the energy in the sounds of many prominent 
instruments is in partials which are sometimes higher than 
1000 cps and at other times lower than this frequency. 
When, for example, notes are played on the A and E strings 
of the violin, the larger percentage of the total energy in the 
sound is in partials higher than 1000 cps. But when low 
notes are played on the G string, the larger percentage is in 
partials substantially lower than 1000 cps. On the basis of 
the known distribution of energy in the sounds of voices and 
instruments, and also on the basis of listening tests, it ap- 
pears to be impossible to obtain relative stability in the 
directions of sounds with a crossover at 1000 cps or higher. 
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Fic. 1. Reproducing arrangement. 
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Fic. 2. Distribution of energy in sounds of the bassoon, the bass 
trombone, and the bass tuba. 


Characteristics of the output dividing network arrangement 
previously referred to show the crossover at 1000 cps, but 
there is no requirement that the arrangement be used at this 
high crossover frequency, as a volume control is provided 
which affects the level of sound at one speaker only. As the 
frequency at which the crossover takes place is determined 
by the relative level of sound from the two speakers, adjust- 
ment of this control affects the crossover frequency. 

Data indicating a gap between the lowest dominant 
resonance regions of the bassoon and the bass trombone and 
the highest dominant resonance region of the bass tuba are 
shown in Fig. 2.1 Data of this type are not readily available 
for the double bass stringed instrument, but listening tests 
indicate that in an orchestra its dominant resonance region 
seldom goes higher than 500 cps. High notes can be played 
on the instrument in which the larger percentage of the 
total energy is in partials much higher than 500 cps, but 
these notes are seldom played when the instrument is played 
in an orchestra. 


1 Carl E. Seashore, Psychology of Music, Chapter 17, McGraw-Hill 
Book Company, New York, 1938. 
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The figures in the various partials in Fig. 2 are percentages 
of the total energy in the sounds. To indicate the gap more 
clearly, the only partials shown are those in which there is 
more than 10% of the total energy. All partials in which 
there is more than 10% of the energy are shown for the bass 
tuba. But, although all the low partials in which there is 
more than 10% of the energy are shown for the bassoon 
and the bass trombone, the partials which are higher than 
the highest fundamental frequency are not shown, as they 
have little or no bearing on the gap between the lowest 
sounds of these instruments and the highest sound of the 
bass tuba. 


The energy in the higher partials of the bass trombone is 
of interest, however, as regards the note F, 87 cps. Forty- 
nine per cent of the total energy is shown to be in frequencies 
lower than 262 cps for this note, indicating that the sound 
might be heard from the same direction as the sound of a 
high note when played on the bass tuba. Forty-five per cent 
of the remaining energy, however, is in partials higher than 
600 cps. The loudness-level characteristic of the ear reduces 
very appreciably the effect of the 49% of energy in fre- 
quencies lower than 262 cps, so that the effective larger per- 
centage of energy is in frequencies higher than 600 cps. 

The energy distribution in the various partials differs with 
the loudness at which the instruments are played, there being 
more energy in higher partials and less in lower partials 
when the notes are played more loudly, and less energy in 
higher partials and more in low partials when the notes are 
played more softly. The gap exists, therefore, regardless 
of the loudness but at slightly different frequency ranges, 
depending on the loudness. There are some differences in 
the energy distribution of the sounds of different instruments 
of the same class and in the sound of any one instrument 
when played by different musicians. 

The location of the gap does not appear to be influenced 
appreciably by the loudness-level characteristic of the ear 
as regards the sound of the bass tuba. When the note B flat, 
233 cps, is played, for example, 99% of the energy is in the 
first partial. This remains the center of energy for this 
note, therefore, regardless of the loudness level, whereas the 
effective distribution of energy would be changed appreciably 
if only 50% of the energy were in this partial. 

The controls can be so adjusted that, when single-fre- 
quency tests are made, all sound below 300 cps is heard from 
the direction of the bass speaker and all sound above 1000 
cps from the direction of the treble speaker. The sound of 
the bass tuba is from the direction of the bass speaker re- 
gardless of the fundamental frequency, and, as the larger 
proportion of the sounds of the bassoon and the bass trom- 
bone is in partials between 294 and 1000 cps for all notes, 
the apparent sound source location of these two instruments 
is from the direction of the space between the speakers. 
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The directions from which the sound is heard when a 
single frequency is raised from 300 to 1000 cps depends on 
the characteristics of the controls and of the loudspeakers 
and on the levels and relative phase of reflected sound. 

When listening tests are made with single frequencies 
between 300 and 1000 cps, the ears are required to be ac- 
curately located relative to the speakers in order to eliminate 
appreciable phase differences between the two sounds. Even 
when the ears are so located, it is not possible to obtain ac- 
curate information regarding directions if there is appreciable 
energy in reflected sounds. The directions are more readily 
determined at frequencies near 1000 cps than at frequencies 
near 300 cps. 

Although phase differences are an important factor when 
single-frequency tests are made, they are not a factor when 
music is reproduced. This applies to phase differences be- 
tween the respective reproduction of the same cycle at each 
one of the two speakers and has ne connection with inten- 
tional delay of one sound with respect to another, which is 
known as “phase displacement” in stereophonic reproduc- 
tion.* When music is reproduced with speakers as in Fig. 1, 
some partials are in phase when others are out of phase, so 
that the effect is similar to that experienced when listening 
to two vocalists singing in unison or to two violinists playing 
in unison. If there were considerable energy in funda- 
mentals, it would be possible to listen satisfactorily to two 
vocalists singing in unison only when the listener were in 
a position equidistant from them. 

To obtain stability in the directions of sounds with the 
arrangement shown in Fig. 1 the crossover is required to be 
at a frequency suitable for the music reproduced. Orchestral 
music is most effective when the directions of the sounds 
of the deep bass instruments and the instruments carrying 
the melody differ widely, so that the level of the deep bass 
can be raised somewhat to obtain better balance. A bass 
vocal solo is most effective when the direction of the sound 
of the solo differs widely from that of the deep bass in the 
accompanying orchestra. Reproduction of a vocal duet is 
most effective when there is a noticeable difference in the 
directions of the sounds of the two voices. In the reproduc- 
tion of music, no readjustment of the controls is ordinarily 
necessary during the playing of a selection, as occasional 
instability in the directions of the sounds can usually be 
tolerated. Readjustment of the controls is preferably carried 
out between selections. 

In order that the sounds of the deep bass instruments 
be localized as much as possible at the bass speaker, the 
crossover must be made at a frequency somewhat higher 
than that necessary to separate the sounds; otherwise some 
of the sounds are heard from the direction of the bass speaker 


2 Loren L. Ryder, J. Soc. Motion Picture Television Engrs., 61, 588, 
(November, 1953). 
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Fig. 3. Crossover characteristics. 


and others from the direction of the space between the 
speakers. It is for this reason that the crossovers in Fig. 3 
are shown at a frequency of 500 cps. This is somewhat too 
high for some compositions and somewhat too low for others 
and is merely a representative crossover frequency. 

Frequency characteristics showing the crossover when the 
arrangement of Fig. 1 is followed can be shown on the basis 
of relative sound levels only when the information is re- 
stricted to the use of specific speakers. But the arrangement 
may be desired: 

1. When the speakers have widely different characteristics 
at the bass end. The use of such speakers is desirable. 

2. When the speakers are as in (1) and fixed networks are 
provided at the outputs of the amplifiers to simplify further 
the variable networks at the inputs to the amplifiers. 

3. When matched speakers are available. But, as a suit- 
able treble speaker is relatively inexpensive, it would seem 
preferable to use one in combination with one of the matched 
speakers rather than to place heavy demands on the controls 
at the amplifier inputs. 

If the minor variations in the characteristics of the speak- 
ers are ignored, that part of each characteristic in Fig. 3 
which is between 700 and 1000 cps is representative of the 
relative levels of sound at these frequencies. But between 
300 and 700 cps more slope upward toward the bass may be 
provided, depending on the characteristic of the specific 
bass speaker and on whether or not fixed networks are 
provided at the outputs of the amplifiers. 
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Characteristics A and B in Fig. 3 apply to the use of or- 
dinary emphasis circuits which are limited to 6 db per octave 
variation in level. Characteristics C and D apply to the use 
of filter sections in cascade with intermediate amplification 
so that the 6 db per octave limitation does not apply. 


Although the minor variations due to the characteristics 
of the speakers are not shown, they may change the charac- 
teristics at A completely. These variations may result in 
the characteristics being very close together over a range of 
some hundreds of cycles. But, regardless of these variations, 
a crossover as at A is unsatisfactory, as a listener is required 
to move only a short distance away from a location equi- 
distant from the speakers and toward the bass speaker to 
experience the crossover at 1000 cps; this is because the 
bass characteristic goes up in level and the treble charac- 
teristic goes down in level with reference to the listener in 
his new location. Also, the relative time of arrival of the 
sounds in the 500- to 1000-cps range favors the hearing of 
these sounds from the direction of the bass speaker. The 
crossover at A is fairly representative of that obtainable with 
two amplifiers provided with the customary separate treble 
and bass emphasis and attenuation controls. 


With the crossover as at B the difference in level at 300 
cps is shown to be slightly less than at A, but this is not an 
important factor at this end of the characteristics, as it can 
readily be controlled by means of suitable speakers and, 


if necessary, by suitable fixed output networks. The im- 
portant feature is that a greater difference in level is pro- 
vided at 1000 cps, so that a listener can move from a location 
equidistant from the speakers and some distance toward the 
bass speaker without noticing an appreciable difference in 
the directions of the sounds. The relative time of arrival of 
the sounds in the 500- to 1000-cps range still tends to favor 
the hearing of these sounds from the direction of the bass 
speaker, but, if there is sufficient difference in level, it seems 
possible to counteract the effect of difference in time of 
arrival of the sound. The crossover at B is fairly repre- 
sentative of that obtainable when the amplifier for the treble 
speaker is provided with separate treble and bass emphasis 
controls and the amplifier for the bass speaker is provided 
with a single tone control of the type now obsolete. 

With the crossover as shown at C, it is assumed that the 
amplifier for the treble speaker is provided with a single 
control for treble emphasis and bass attenuation and the 
amplifier for the bass speaker is provided with a single con- 
trol for bass emphasis and treble attenuation. A still greater 
difference in level is provided at 1000 cps so that minor 
variations in the speaker characteristics can have less effect, 
and a listener can move still farther away from a location 
equidistant from the speakers. 


A crossover as at D may be used when networks which 
will cause a gradual increase in level as the frequency is 


reduced from 1000 to 300 cps are associated with the 
speakers. 

When one is listening to orchestral music at the time that 
it is played, the melody and the deep bass are heard coming 
from different directions, and the relative level of the deep 
bass is somewhat higher than it is when, as in ordinary re- 
production, all the sound comes to a listener from the same 
direction. With multidirectional reproduction something 
approaching the same balance of sound is obtainable. The 
relative locations of the instruments at the time that the 
music was recorded are disregarded, but there is no reason 
why the placing of instruments in certain relative locations 
when the music is originally played should control, or even 
influence, the directions from which the respective sounds 
are heard when the music is reproduced. There are many 
restrictions regarding the relative locations of the various 
choirs, or groups, of instruments in a symphony orchestra 
which stem from the necessity of having the musicians 
grouped in a semicircle around the conductor so that they 
can easily see him and so that the conductor can readily 
inform the musicians, usually with his left hand, when he 
wishes to increase or decrease the relative level of sound from 
any group of instruments in order to obtain better balance. 

The seating plan of the symphony orchestra, which has 
been fairly well standardized during the last century, rests 
on three major principles: (1) the relation of the various 
choirs to one another and to the conductor for mutual visual 
and aural coordination and support; (2) the acoustical effect 
on the listener; and (3) the esthetic and visual impression 
on the audience.* 

Principles 1 and 3 obviously do not apply in reproduction, 
and investigation shows that principle 2 does not apply 
either. The first violins, for example, are placed at the left 
of the conductor because when the violinists are in this posi- 
tion they hold their instruments tilted toward the audience 
whereas the second violins at the right of the conductor are 
held tilted away from the audience.* When tests have been 
made placing ali the violins at the left of the conductor so 
that they all tilt toward the audience, the results have been 
unsatisfactory for other reasons. 

As the first violins usually carry the melody, the deep bass 
has been placed on the right of the conductor, not only in 
symphony orchestras but in the orchestra pit at operatic 
performances.*° In reproduction, however, it seems better 
to hear the deep bass from a direction at the left of the 
melody. The average listener is probably less familiar with 


3 John H. Mueller, The American Symphony Orchestra, p. 301, In- 
diana University Press, Bloomington, 1951. 

4 Rudolph Dolmetsch, The Art of Orchestral Conducting, p. 30, 
Bosworth and Co., Ltd., London, 1942. 

5 John H. Mueller, The American Symphony Orchestra, p. 306, In- 
diana University Press, Bloomington, 1951. 

6 Warwick Braithwaite, The Conductor’s Art, p. 144, Williams and 
Norgate, London, 1952. 
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the arrangement of the musicians in symphony orchestras 
than in motion picture theater orchestras in which at least 
a part of the deep bass frequently is located at the extreme 
left of the orchestra. Many listeners also have some famili- 
arity with the relative directions of the treble and bass 
sounds of the piano when they are in a location facing the 
keyboard. Also, those listeners having any familiarity with 
frequency-range charts are aware that low frequencies are 
shown at the left and high frequencies are shown at the 
right. Furthermore, it is possible that the right ear of the 
average listener is more sensitive to high frequencies than 
is the left ear. 


RE-RECORDING OF MUSIC 


For re-recording from a single sound track onto two sound 
tracks the bass and treble speakers of Fig. 1 are the monitor- 
ing speakers and the inputs to the amplifiers for the two 
recording heads are connected in multiple with the inputs of 
the treble and bass amplifiers. The relative levels of sound 
with variations in frequency at the monitoring speakers are 


required to be as nearly as possible the same as the relative 
levels of sound with variations in frequency at the speakers 
which will be used when a re-recording is reproduced. This 
does not necessarily mean that the bass speaker is required. 
to have as nearly as possible the same frequency charac- 
teristic as the bass speaker used in reproduction: A smaller 
speaker can be used for monitoring if a suitable output net- 
work is provided. 

Before making a re-recording some study can be made of 
the musical composition which is to be re-recorded and the 
manner in which it has been recorded. Also, preliminary 
reproductions can be made with different settings of the 
controls at different phrases of the composition to determine: 
which are the most satisfactory. Then, during re-recording,. 
frequent or constant readjustment of the controls can be 
made as required. When the re-recording is then repro- 
duced with two speakers and two amplifiers having ordinary 
controls, there is no need to change the settings of the 
ordinary controls during reproduction, and the same settings. 
can be used for all musical compositions for which re~ 
recordings are available. 
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Monogroove Stereophonic Disk Recording* 


OCTOBER 1954, VOLUME 2, NUMBER 4 


Joun T. Mutiin 


Bing Crosby Enterprises, Inc., Los Angeles, California 


The day seems to be fast approaching when the high-fidelity enthusiast will demand the 


additional advantages of stereophonic reproduction. “Stereo” radio broadcasts and special record- 
ings have been made available which readily acquaint him with its benefits. In this paper a new 
type of “compatible” disk record is described which contains simultaneous recordings for two- 
channel stereophonic applications, yet the economy of running time is as great as that of the 


customary single-channel disk. 


HE CRITICAL listener, given the benefits of the full 
advancement of the art, can be heard to say, today, that 
his recording and reproduction system is so good he is con- 
stantly annoyed by distracting sounds coming from his loud- 
speaker. Along with the splendid over-all quality of wide- 
band low-distortion musical reproduction, he must be content 
to hear the rumble of auditorium air-conditioning systems, 
the squeak and creak of orchestra chairs, and the occasional 
sneeze and cough of musician or audience. Our critical 
listener, attuned to the splendid reproduction of his favorite 
music, will insist that these sounds are of diabolical origin, 
marring, dulling, and scratching an otherwise beautifully 
polished performance. But is he totally at fault in criticizing 
the human frailties of his musician or audience brother in 
such alarming terms? 

Not at all! Poor listener, a sparklingly transparent me- 
dium has been opened to him by wide-range low-distortion 
reproduction. Consequently, he hears all sources of sound— 
those he wishes to hear and those, as well, which are 
thoroughly distracting. He cannot “tune out” those he does 
not want to hear. Yet, seat him in the concert hall and he 
expresses no difficulty in hearing the music to its fullest en- 
joyment, unaffected by disturbing sounds. 

The reason? Simple. It is one of those differences 
brought about by multiple-channel or “stereophonic” sound, 
compared to single-channel or “monaural” reproduction. In 
the concert hall his attention is directed toward the orchestra. 
He listens directionally to such a degree that irrelevant dis- 
tracting noises do not annoy him in any way. If his wide- 
range home sound system were stereophonic, he would be 
annoyed to a far less degree by irrelevant sounds. 

This advantage of stereophonic reproduction is one 


* Presented at the Second Annual West Coast Convention of the 
Audio Engineering Society, Los Angeles, February 4-6, 1954. 
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which has not been stressed to any great extent up to the 
present time. Followers of the art are acquainted with the 
development of the multiple-channel sound system and its 
obvious advantages—breadth, depth, and even an apparently 
vertical dimension—in short, the addition of a truly third- 
dimensional quality to the sound. 

It is not the purpose of this paper to review these and 
other advantages of stereophonic sound over the single- 
channel system. This material has been covered thoroughly 
elsewhere.! 

The literature has made it quite clear that a three-channel 
stereophonic system is almost completely ideal. However, 
the greatest step forward in stereophonic quality arises when 
a two-channel system takes over from the monaural. Going 
from two to three shows a definite improvement, of course, 
but so much enjoyment can be had by the addition of a 
second channel to an existing single channel that this be- 
comes a logical, economical step for the home enthusiast. 

Sources of the two-channel program material are limited at 
the present time to occasional two-channel broadcasts by 
such stations as KFAC and WQXR and to special disk rec- 
ords containing two separate grooves. These have been a 
stimulus to the listener to set up two-channel stereophonic 
equipment, and much credit is due the people who have made 
these broadcasts and records available. 

This paper describes a two-channel disk recording system 
which is under development by Bing Crosby Enterprises, 
Inc., at the present time. It is capable of providing two 
distinct channels of stereophonic sound in a single disk 
record groove. This it does by virtue of two-way stylus 
motion. 

Although virtually obsolete again today (its second time 


1“Symposium on Reproduction in Auditory Perspective,” Electrical 
Eng. (January, 1934). 
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round), vertical or “hill-and-dale” recording has long since 
proved itself to be a high-quality method of disk recording.” 
Lateral recording, of course, is the accepted standard today, 
be it in 78-rpm standard grooves or on LP. There is no fun- 
damental reason why a vertical record and a lateral record 
cannot be simultaneously cut by one stylus. One great ad- 
vantage of such a method will be found in the positive reten- 
tion of phase relations between the two signals. There exist, 
in the professional field, two pickups of well-known design 
which are capable of reproducing either a vertical or a lateral 
record. These are the RCA 4875 and the Western Electric 
9-A. A switch is normally provided to change operation to 
vertical or lateral, but the coils of the vertical and lateral 
units are capable of being wired in bridge circuitry in such 
a manner that the vertical motion of the stylus may always 
generate a signal at the input of one amplifier while lateral 
motion may generate a voltage which appears only at the 
input of a second channel amplifier. Thus, without special 
design, pickups exist which can be adapted for present-day 
demonstration purposes. Obviously, many of the existing 
commercial pickups for home use could be replaced by in- 
expensive modified versions which could generate signals in 
this manner. 

The problem of playing a “VL” (vertical-lateral) record 
is therefore almost nonexistent. The main problem is to 
provide some means of cutting the disk. 

This has been overcome in an experimental recorder of 
somewhat limited frequency response in the manner shown 
in Fig. 1. Three coils are wound about the legs of a T- 
shaped armature structure which is supported in magnetic 


Fic. 1. Simplified diagram of combination vertical and lateral 
disk cutter. 


2L. Veith and C. F. Wiebusch, “Recent Developments in Hill and 
Dale Recorders,” J. Soc. Motion Picture Engrs., 30, 96 (January, 1938). 
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Fic. 2. Magnified grooves of disk recorded with the cutter shown 
in Fig. 1. 


fields at the point indicated by the black dot at the center of 
the T. This support provides two-way compliance as a pivot 
so that the cutting stylus can move laterally or vertically. 
If an alternating current is applied to the two series coils 
marked V, it will be observed that a vertical motion is im- 
parted to the stylus point. Similarly, an alternating current 
applied to coil H will drive the stylus laterally, all motions 
being in the nature of rotation about the pivot centrally 
located in the T armature. 

Figure 2 is a reproduction of magnified record grooves 
showing the effect of a stereophonic sound source. In this 
case a playlet was being read by several people on the stage. 
At the outermost grooves it will be observed that the record- 
ing is almost completely lateral, indicating pickup essentially 
by microphone No. 1. This is soon followed by some ma- 
terial almost exclusively vertically recorded, picked up 
mostly by microphone No. 2. Then comes some interesting 
groove material comprising both vertical and lateral record- 
ing. After this there is a section of low-frequency lateral 
tones mixed with some much higher-frequency vertical tones, 
since two people, at either side of the stage, were talking at 
the same time. Lastly, there is an almost purely lateral 
recording, ending this photographed sample recording. 

Crosstalk might seem to be an objectionable feature of the 
system. Actually, undistorted crosstalk turns out to be no 
problem at all, since in effect it only reduces the apparent 
separation of the loudspeakers in the reproducing system. 
Any such crosstalk can be reduced in effect, if it ever should 
become loud enough to become objectionable, by separating 
the speakers very slightly. Actually, it has never been so 
loud in tests made so far as to warrant this. 
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Generally, a vertical record will not crosstalk with high 
distortion into the lateral amplifier. On the other hand, the 
highest distortion produced in the system occurs because of 
pinch effect of high-amplitude lateral recordings causing 
vertical motion of the stylus.* This is strongly second har- 
monic and under certain conditions can be slightly notice- 
able. Since it is reproduced from the vertical loudspeaker 
while a loud sound is emanating from the lateral speaker, 
there is fortunately a great deal of masking of the audible 
distortion. 

No percentages of crosstalk or distortion are given here- 
with, since they would be quite difficult to interpret in the 
face of the rather limited response and inherent distortion 
of this experimental cutter. 


3J. A. Pierce and F. V. Hunt, “Distortion of Sound Reproduction 
from Phonograph Records,” J. Soc. Motion Picture Engrs., 31, 157 
(August, 1938). 


Work is continuing on cutter development at the present 
time. Reduction of recorded harmonic distortion and ex- 
tension of frequency response are the primary objectives 
of further research on the cutter. 

Commercially, this system enables a disk to run the nor- 
mal playing time, since the included vertical track requires 
no additional groove spread. Before he installs his VL 
pickup and second amplifier and speaker, the high-fidelity 
enthusiast can play VL records on his present lateral pickup 
provided that it has reasonable vertical compliance. The 
Weathers and GE pickups work nicely in this manner. 

Thus, the VL system of stereophonic sound is automati- 
cally (to borrow a term from the color television people) 
a compatible one. From what work has been done to date, 
it promises, as an alternate to two- or three-track tape sys- 
tems, to point the way to the future large-scale introduction 
of “stereo” sound in the home. 


‘o 
q 
” 
7 
if ‘ 
J 
; 
: 
‘ 
| 
5 
+ 
{ 
\ 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


OCTOBER 1954, VOLUME 2, NUMBER 4 


An Output-Transformerless Power Amplifier® 


Jutius Futrermant 


An amplifier circuit using miniature tubes and no output transformer is described. Large 
amounts of negative feedback are used to reduce distortion to low values. The output stage is 
single-ended, with the tubes connected in series and working as cathode followers. A new method 
of symmetrically driving the output tubes from a phase-splitter tube is shown. Positive feedback 
from the output load to the input of the phase splitter is used. Three models of such amplifiers 
built by the author are described. Two of these produce an output of 10 watts each into a 16-ohm 
voice coil, and the third amplifier delivers 20 watts of power. Less than 0.1% harmonic distortion 


is claimed. 


N IDEAL long sought after has been the elimination of 
the output transformer in audio power amplifiers. The 
benefits of negative feedback for reducing distortion are 
limited by this component. Even the most expensive output 
transformer (and they are expensive) limits the amount of 
over-all negative feedback that can be used without insta- 
bility to approximately 20 db. 

In recent years several circuits for audio power amplifiers 
without output transformers have appeared. Fletcher and 
Cooke! have used 6AS7G output tubes connected as push- 
pull cathode followers to accomplish this result. The ef- 


ficiency of their circuit has been very low, however, neces- 
sitating large power supplies and many tubes to get any 
reasonable output. 

Onder* has described another amplifier which uses four 
6AS7G tubes in the output stage but requires a special 


speaker with a high-impedance voice coil to get any appre- 
ciable output. Another approach has been the series-con- 
nected push-pull output stage. With this arrangement of 
the power tubes the output load can be single-ended and 
need only be one-fourth of the impedance that would be 
required for a push-pull stage connected in the customary 
fashion. A commercial version of such an amplifier is now 
on the market.* This amplifier also requires a special high- 
impedance speaker for its operation. 

A major difficulty in the use of the series-connected output 
stage has been the problem of obtaining equal drive to the 
output tubes. A recent amplifier developed by the RCA 
Laboratoriest uses three 6AS7G tubes in such a circuit; 
delivery of 25 watts of “undistorted” audio power into a 
16-ohm voice coil is claimed. In this circuit the signal volt- 
ages from the phase-splitter tube are made unequal to com- 


* Received August, 1954. 

+ 523 West 112 Street, New York 25, New York. 

1E. W. Fletcher and S. P. Cooke, “The Cathode-Follower Loud- 
speaker Coupling,” Electronics 24, 118-121 (November, 1951). 

2Kerim Onder, “A New Transformerless Amplifier Circuit,” J. 
Audio Eng. Soc., 1, 282-286 (October, 1953). 

3 Frank H. Gilbert, “Commercial OTL Amplifier of Unique Design,” 
Audio Eng. 36, 46-47 (August, 1952). 

4D. P. Dickie, Jr., and A. Macovski, “A Transformerless 25-Watt 
Amplifier for Conventional Loudspeakers,” Audio 22-23, (June, 1954). 
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pensate for the fact that the speaker load is degeneratively 
coupled to the grids of one side of the push-pull output stage. 
In this manner, equal drive to the power tubes is assumed. 
Unfortunately a speaker load is not constant. A voice coil 
rated at 16 ohms may have an impedance variation greater 
than 10 to 1 over the audio-frequency spectrum. Because of 
this it can readily be seen that the drive to the output tubes 
can be balanced only over a very narrow frequency range. 

Sinclair and Peterson® have disclosed a method of obtain- 
ing equal drive to a series-connected output stage by feeding 
the plate load of a phase-splitter tube from the midpoint of 
the series-connected output tubes. Coulter® has also come 
up with a solution for obtaining equal drive to a series- 
connected output stage. 

The author, after several years of experiment, has designed 
an audio power amplifier that does not use an output trans- 
former and whose performance pleases him greatly. This 
amplifier can be used with ordinary 16-ohm speakers. As 
much as 60 db of negative feedback can be used without 
instability. 

The basic circuit of this amplifier is shown in Fig. 1. A 
pentode tube (V;) is connected as a high-gain voltage ampli- 
fier and is directly coupled to the phase-splitter tube (V2). 
The cathode load resistor of the phase-splitter tube is re- 
turned to ground through the load, which may be the 16-ohm 
voice coil of a conventional speaker. Signal voltage developed 
across the plate load resistor of the phase splitter is applied 
between grid and plate of the upper output tube (V3). Like- 
wise, signal voltage 180° out of phase developed across the 
cathode load resistor is applied between grid and plate of the 
lower output tube (V4). 

The output tubes are connected in series and are biased for 
class B; operation. The load is connected with its high side to 
the cathode of V; and plate of V4 and its low side to ground. 
Each of the output tubes has its own power supply consisting 
simply of a metallic rectifier, X, and a capacitor, C. Owing 
to the balanced nature of the circuit there is no dc in the load. 


5 A.-P. G. Sinclair and D. B. Peterson, “A Single-Ended Push-Pull 
Audio Amplifier,” Proc. 1.R.E. 40, 7-11 (January, 1952). 

6W. H. Coulter, “Amplifier Circuit Having Series-Connected 
Tubes,” U.S. Pat. 2,659,775 (Nov. 17, 1953). 
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AN OUTPUT-TRANSFORMERLESS POWER AMPLIFIER 


AA 
v 


Loan 
Fig. 1. Basie schematic of the amplifier. 


The potentiometer in shunt with the load has its arm in the 
cathode circuit of the voltage amplifier tube (V;). When the 
arm of the potentiometer is at ground, there is no over-all 
negative feedback and the full gain of the amplifier is ob- 
tained. With the arm at the high side of the load, there is 
100% negative feedback and the gain of the amplifier is 
essentially unity. Because of the minimum of phase-shifting 
components in this amplifier, large amounts of negative feed- 
back may be utilized. The writer has constructed amplifiers 
of this type with as much as 60 db of feedback without any 
evidence of instability. 

In this circuit the output tubes are working as cathode 
followers and thus require large driving voltages from the 
phase-splitter tube. With this type of phase splitter the 
signal voltage across the plate and cathode resistors is essen- 
tially of the same magnitude as the input voltage to this tube. 
Normally this would require a large voltage output from the 
voltage-amplifier tube. Fortunately, because the speaker 
load is also in the input circuit of the phase-splitter tube and 
in the correct sense to provide positive feedback, a much 
lower voltage is required. In fact, the signal voltage to the 
input of the phase-splitter tube need not be much greater 
than the fixed bias of the power tubes for maximum output. 

A feature of this amplifier, as can be seen from Fig. 1, is 
that the output load is connected to the input circuits of all 
the tubes used in the amplifier for the purpose of obtaining 
both positive and negative feedback. This has been ac- 
complished without the use of any reactive components to 
produce undesirable phase shifts (other than the load itself). 

For large ratios of over-all negative feedback the gain of 
the amplifier should be high over the frequency range of 
interest. Most of the gain is obtained in the voltage- 
amplifier stage. Using a 6AU6 tube with a plate load re- 
sistor of 1.8 megohms, a voltage gain of 1000 can be realized. 
The over-all gain of the phase splitter and output tubes may 
be greater or less than unity, depending on the number and 
type of tubes used in the output stage and also on the im- 
pedance of the output load. 

To enable large amounts of power to be obtained from a 
class B, output stage the regulation of its power supply must 
be good. This necessitates a low-impedance supply. In this 
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circuit the most practical way of accomplishing this was to . 
use a separate power supply for each half of the output stage. 
Because of the large amount of negative feedback available, 
the power supplies for the output stage are extremely simple, 
each consisting of a metallic rectifier and capacitor. If, with- 
out any feedback, the ripple voltage across the voice coil 
were 1 volt, then with 60 db of feedback this would be re- 
duced to 1 mv. In fact, the amplifier may be considered as 
an electronic filter for these two power supplies. 

One of the aims in the design of this amplifier was that it 
be capable of driving directly the 16-ohm voice coil of a 
conventional high-fidelity loudspeaker. It was believed that 
an output of 10 watts would be sufficient for most applica- 
tions. After considerable trial and experiment, the author 
has found the most suitable tube for use in the output stage 
of this amplifier at the present time to be the miniature-type 
12B4 triode introduced by CBS Hytron. This tube is rela- 
tively inexpensive and was designed for use in the vertical 
output stage of television-receiver deflection circuits. It is 
of the high perveance type, has a mu of 6.5, and a transcon- 
ductance of 6200 micromhos. Because of its treated grid, it 
is relatively free from grid emission and its high heater-to- 
cathode voltage rating makes it feasible to wire the heaters 
in series. Its heater power consumption is less than 4 watts. 
Several manufacturers are currently making this tube. 

Before the advent of this tube, the 6AS7G dual triode was 
used. This type, however, had several drawbacks. Grid 
emission, causing plate-current drift, was very bothersome in 
most of the tubes used. The 6AS7G’s low mu of 2 required 
excessive drive voltage from the phase-splitter tube. Fur- 
thermore, it is a relatively expensive tube. 

The new Chatham 6336 dual triode was also used in one 
of our amplifiers (Fig. 2) and worked out very well. This 
tube has a mu of 2.7 and therefore requires less drive than 
the 6AS7G. A power output of 10 watts using a 16-ohm 
load was obtained with this particular amplifier. The afore- 
mentioned tube, however, is relatively expensive and is pro- 
duced only by Chatham Electronics. 


Fig. 2. Power amplifier using one Chatham 6336 tube in the 
output stage. 
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Fic. 3. Complete schematic of the power amplifier using eight type 12B4 miniature tubes in the output stage. Ten watts is obtained 


using a 16-ohm speaker. No output transformer is required. 


In Fig. 3 is shown the circuit of a complete power amplifier 
embodying the principles set forth above. Photographs of 
such an amplifier which also incorporates a preamplifier with 
phonograph equalization and bass and treble controls appear 
in Figs. 4 and 5. Eight type 12B4 tubes are used in the 
output stage. The rectifiers for this stage are G.E. 1N94 or 
1N158 germanium power rectifiers. The author finds these 
very efficient. Selenium rectifiers of the same rating (450 
ma at 130 volts) may also be used with some sacrifice in 
power output. The 600-mf filter condensers are two Mallory 
FP119 units connected in parallel. Slow-blow fuses rated at 
1 amp are used in the power output stage to protect these 
tubes in the event of loss of grid bias. 

Fixed bias of approximately 24 volts for the four upper 
power tubes is obtained from the voltage divider across the 
power supply that is used for the lower output tubes. The 
bias for the four lower power tubes is obtained from a nega- 
tive supply that uses a 30-volt winding on the power trans- 
former and consists of a small selenium rectifier (20 ma at 
65 volts), type 4Y1, manufactured by Radio Receptor Com- 
pany and a dual 10-mf capacitor. The 15,000-ohm potenti- 


ometer is used to adjust the bias so that there is no dc in the 
speaker voice coil. The no-signal plate current of the power 
tubes averages approximately 10 ma per tube. 

The plate voltage for the phase-splitter and voltage-ampli- 
fier tubes is obtained from the 6X4 rectifier. This supply 
should be well filtered. This is no problem, however, because 
the current required for these tubes is less than 5 ma. The 
B+ voltage for the preamplifier is also obtained from the 
6X4 tube. 

In this particular amplifier 43 db of over-all negative feed- 
back is obtained when working into a 16-ohm load. The 
voltage gain of the amplifier under these conditions is 2, so 
that slightly over 6 volts is required from the preamplifier 
for 10 watts of audio output. The dc voltages indicated on 
the schematic are with respect to ground, without any signal 
input to the amplifier, and at a line voltage of 117 volts ac. 

Figure 6 is a photograph of another model of this amplifier 
which uses fourteen type 12B4 tubes and utilizes 48 db of 
over-all negative feedback. The undistorted output of this 
amplifier into a 16-ohm load is 19 watts, and with less than 
0.1% harmonic distortion the output is 20 watts. 
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Fic. 4. Output-transformerless amplifier constructed on an 8 by 
12 by 2.5-in. chassis. The schematic is shown in Fig. 3. This ampli- 
fier also incorporates a preamplifier. 
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Fic. 5. Bottom view of the amplifier shown in Fig. 4. The 1N94 
power rectifiers can be seen on the right. 


Figure 7 shows the frequency response of the power am- 
plifier of Fig. 3. This curve was plotted using a Hewlett- 
Packard 200CD oscillator. The load was a 16-ohm non- 
inductive resistor. At what frequency the low end begins to 
drop off has not been measured, the necessary equipment not 
being available. (The oscillator used does not go below 5 
cps.) Figure 8 shows the excellent response of the amplifier 
to square waves. No evidence of phase shift or ringing is 
noticeable. The square-wave voltage in these scope photo- 
graphs, i.e., voltage across the 16-ohm resistive load, is 6 
volts peak-to-peak. 

It may be of interest to note some of the measurements 
taken on these two amplifiers. To calculate feedback the 
gain of the amplifier was first measured with no over-all 
feedback. This was done by lifting the 220-ohm resistor 
that is connected io the high side of the load, leaving the 
other 220-ohm resistor in the cathode circuit of the 6AU6 
tube in order not to disturb the loop gain (see Fig. 3). A 


1-kc signal of 10 mv from the audio oscillator (measured on 
the meter section of a Hewlett-Packard 330B distortion 
analyzer) was fed into the amplifier and the output voltage 
measured on the same meter. This was done for the following 
load resistors and the gain noted: 


Load, Load, 


ohms E, Gain ohms BE. Gain 
15 2.65 265 55 7.4 740 
16 2.8 280 60 7.8 780 
20 3.5 350 65 8.2 820 
25 4.0 400 70 8.6 860 
30 4.7 470 75 9.0 900 
35 5.3 530 80 9.4 940 
40 5.9 590 85 9.7 970 
45 6.5 650 90 10.0 1000 
50 7.0 700 


The gain of the amplifier with fourteen type 12B4 tubes 
was measured in the same manner for the following loads: 


Load, Load, 

ohms E. Gain ohms E. Gain 
15 5.0 500 30 8.2 820 
16 5.22 522 35 9.1 910 
20 6.1 610 40 9.8 980 
25 7.2 720 45 10.3 1030 


From the foregoing measurements it was calculated that 
with a 16-ohm load and 100% negative feedback we could 


Fic. 6. Output-transformerless power amplifier using fourteen 
type 12B4 tubes in the output stage. Twenty watts with less than 
0.1% harmonic distortion is obtained. 


FREQUENCY 
Fic. 7. Frequency response of the low-distortion power ampli- 
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obtain 49 db of feedback for the eight-tube amplifier and 54 
db for the fourteen-tube unit. 

Ripple voltage in the output of the eight-tube amplifier 
was also measured with the 330B distortion analyzer for dif- 
ferent amounts of feedback. The amount of feedback was 
adjusted by disconnecting the two 220-ohm resistors and sub- 
stituting a 500-ohm carbon potentiometer. A 16-ohm re- 
sistor load was used. The input was shorted. 


Gain of 
Feedback, db amplifier Ripple, mv Dbm 
None 280 44.0 — 
29 10 1.55 -38 
35 5 0.75 —45 
43 2 0.30 52.5 
49 1 0.15 58.5 


Distortion measurements were made using a 1-kc filter to 
reduce the audio oscillator distortion to 0.05%, as measured 
on the Hewlett-Packard 330B distortion analyzer. With a 
16-ohm resistive load there was no measurable increase in 
distortion from a very low level of output to 12 volts (9 
watts). At 12.5 volts (9.8 watts) the distortion measured 
0.4%. At 12.8 volts (10 watts) the distortion was 0.5%. 
The fourteen-tube amplifier showed no measurable distortion 
at 19 watts output. When clipping was just barely notice- 
able on the scope, the output was 20 watts and the total 
measured distortion (including oscillator) was 0.08%. 

The harmonic distortion of the small amplifier was also 


Fic. 8. Response of the power amplifier to square waves: 
(A) 20-eps square-wave response; (B) 200-eps square-wave re- 
sponse; (C) 2-ke square-wave response; (D) 20-ke square-wave 
response. 
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measured at 20 cps and at 20 kc. The oscillator distortion 
at 20 cps was 0.72%. The distortion at the amplifier output 
at the 9-watt level was still 0.72%. At 20-kc oscillator dis- 
tortion was 0.18%. With the amplifier output at 9 watts 
the total measured distortion was 0.2%. No intermodulation 
distortion measurements have been made as yet, the neces- 
sary equipment not being available. 

To see how the output of these amplifiers varied with dif- 
ferent values of load the following test setup was used: audio 
oscillator with 1-kc filter feeding into amplifier; output of 
amplifier connected to a power decade box; scope and dis- 
tortion analyzer also connected to output of amplifier. The 
oscillator output was raised until clipping was just barely 
discernible on the scope. The output at this level was then 
calculated. In all cases the distortion was less than 0.5%. 
The following tables show the results: 


FourTEEN-TUBE 
E1ent-TuBe AMPLIFIER AMPLIFIER 


Load, Load, Load, 


ohms Watts ohms Watts ohms Watts 
10 7.5 26 13.2 10 14.5 
12 8.1 28 13.6 12 16.5 
14 8.5 30 14.2 14 18 
16 0«=6110 32 14.6 16 20 
18 10.5 34 15 2 22 
20° 11.2 36 15.5 32 24.5 
23 612 38 15.5 40 24.5 
24 12.6 40 15.5 48 24.5 


The internal impedance of the two amplifiers was also 
measured with the following setup: With no load connected 
to the output a 1-kc signal was fed into the input of the 
amplifier and adjusted until the output meter read 0.3 volt. 
With a power decade box connected as a load, the resistance 
was progressively reduced until the load was 1 ohm (the low- 
est value on the power decade box). The output meter read- 
ing was then noted. On the eight-tube amplifier the meter 
reading was 0.28 volt. For the fourteen-tube amplifier it 
was 0.285 volt. This worked out to 0.07 ohm internal im- 
pedance for the small amplifier and 0.053 ohm for the larger 
one. 

Because these amplifiers are not isolated from the line, it 
is important that the grounded side of the line be connected 
to the chassis, especially when the amplifiers are used 
with other equipment. A simple method of determining the 
proper polarity of the line plug is to put the amplifier on and, 
while grasping the base of a NES1 neon bulb, touch the cen- 
ter contact of the bulb to the chassis of the amplifier. If 
the neon bulb glows, reverse the plug. The polarity of the 
line plug is correct when the neon bulb yields absolutely no 
glow. 

One of these amplifiers is in the writer’s home and has been 
in use for over 1000 hours without any tube or component 
failures. The author considers the listening quality. with 
good program material remarkably “clean.” 
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Characteristics of Bass Emphasis Circuits 


Cuartes D. Linpripce* 


When a bass control is adjusted for maximum bass emphasis the level of sound from the 
speaker may be appreciably higher at frequencies below 100 cps than it is at 200 cps. But there 
may be very little energy in the first partial (fundamental) of all low notes produced by a prominent 
bass instrument of an orchestra except for one or two notes in which there is considerable energy 
in the first partial. Consequently, when appreciably more emphasis is applied to first partials than 
to higher partials, the sound of the fundamental frequency of these one or two notes is greatly 
emphasized and the sound of all other notes produced by the instrument is little affected. It is 
explained why the large differences in the energy which is in the fundamental frequency are not 
noticeable when one is listening to the music when it is played, and it is concluded that the charac- 
teristics of a bass emphasis control when it is adjusted for maximum emphasis should be such that 
more slope is provided between 800 and 200 cps than is customary and so that very little slope is 


provided between 150 and 50 cps. 


A BASS emphasis control of a sound reproducing system 

may have a characteristic such that when the control is 
adjusted for maximum emphasis the sound output of the 
system is given much more emphasis at 100 cps than at 200 
cps and maximum emphasis may occur at a frequency lower 
than 100 cps. 

Such a control may be suitable for the reproduction of 
certain piano, harp, and organ compositions, since maximum 
emphasis can be given to third partials—and possibly higher 
partials—of very low notes, assuming that the amplifier and 
loudspeaker possess suitable characteristics. 

But when the control is used for orchestral music, maxi- 
mum emphasis cannot be applied to partials which con- 
tribute significantly to the characteristic sounds of any 
prominent orchestral instrument ordinarily employed, as the 
lowest note of any such instrument has a frequency between 
35 and 39 cps. First and second partials do not contribute 
to the characteristic sounds of instruments.' 

If the energy in the first partial of a low note played by 
an instrument were approximately the same for all low 
notes of the same instrument when played at the same loud- 
ness level, the fact that much more emphasis had been ap- 
plied to the first partial than to the third and higher partials 
would not be so objectionable. It so happens, however, that 
the proportion of the total sound energy represented by the 
first partial of a particular low note of an instrument is 
frequently very different from that contained in the first 
partials of nearby notes. 

These wide differences are not noticeable when music is 


*10 Rockledge Road, Montclair, New Jersey. 
1Sir James Jeans, Science and Music, p. 86, The Macmillan Com- 
pany, New York, 1937. 


listened to live, while it is being performed, because difference 
tones* are prominent when there is little energy in the first 
partials (fundamentals) and are subdued when there is con- 
siderable energy in them. Difference tones are not affected 
by a bass emphasis circuit except that when higher adjacent 
partials are emphasized the resulting difference tones are also 
emphasized. 


Data are available showing the distribution of energy in 
the partials of sounds produced by the bassoon, clarinet, 
French horn, baritone horn, cornet, trombone, flute, oboe, 
and tuba.* The distribution of energy in the sound of the 
clarinet differs from that in the sound of all the other instru- 
ments in that there is appreciable energy in the first partials 
of all clarinet notes. The sound output of the clarinet also 
differs from that of most other instruments in that there is 
very little energy in one of every two adjacent clarinet par- 
tials. As difference tones producing the fundamental fre- 
quency can be produced only by adjacent partials, the dif- 
ference tones producing the fundamentals of notes played by 
the clarinet must be very subdued. 


The distribution of the first partials of a total of 120 
sounds played by the other eight instruments mentioned 
above has been analyzed. These first partials may be 
grouped as follows: 


1. Those in which there is 25% or less of the total energy. 

2. Those in which there is between 25 and 75% of the 
energy. 

3. Those in which there is 75% or more of the energy. 


2 Carl E. Seashore, Psychology of Music, pp. 68, 72, McGraw-Hill 
Book Company, New York, 1938. 
3 Carl E. Seashore, ibid., Chapter 17. 
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It is then found that 50% of the first partials are in group 
1, 23% are in group 2, and 27% are in group 3. This indi- 
cates that there is usually either a very large part, or a very 
small part, of the total sound energy in the first partial. 
This is shown more conclusively by the average percentages 
of energy in the first partials in groups 1 and 3. The average 
is less than 8% in group 1 and more than 90% in group 3. 

When the energy in the first partial is less than 8%, a 
very large proportion of the total energy is distributed over 
higher partials; thus, a difference tone of appreciable in- 
tensity can be produced. When the energy in the first 
partial exceeds 90%, there is very little energy available 
for the higher partials and the difference tone must there- 
fore be of low intensity. 

Although the difference tone may be very appreciable, 
it may not completely compensate for low energy in the first 
partial. But it appears to compensate for it to a sufficient 
degree so that variations in the effective loudness of the fun- 
damental are not noticeable when one is listening to music 
at the time that it is played. An appreciable change in the 
proportion of energy in a partial is, of course, involved in a 
variation of 1 db. There appear to be various factors deter- 
mining the required effective loudness of the fundamental. 
When, for example, a very large proportion of the energy 
is in octaves of the fundamental, very little difference tone 
seems to be required. The note B flat, 58 cps, played on the 
bass tuba is an example of such a note. For this note there 
is less than 1% of the energy in the fundamental, but 94% 
is in the second and fourth partials. This leaves less than 
6% for the odd-numbered partials which are necessary for 
the production of a difference tone which is the same as 
the fundamental frequency. Some indication that a differ- 
ence tone of very low intensity is sufficient to establish the 
fundamental of such a note can be obtained by depressing 
the sustaining pedal on a piano, playing a note very loudly, 
then playing the suboctave of the note very softly. When 
this is done the fundamental of the note is well established 
at the suboctave. 

From the standpoint of effective sound levels there appear 
to be appreciable variations in the fundamentals even when 
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allowance is made for the difference tones. But they are 
not so large when considered on a decibel rather than an 
energy-level basis. Maximum emphasis for the above note, 
B flat, 58 cps, should be at a frequency of the order of 174 
cps so as to raise the second, third, and fourth partials. 
For the nearby note G, 49 cps, in which 40% of the energy 
is in the fundamental, maximum emphasis near 49 cps may 
produce a booming effect which may be very noticeable 
whenever this note is played. For the still lower note, E 
flat, 39 cps, in which there is 1% energy in the first partial 
and less than 1% in the second partial, emphasis can have 
practically no effect at any frequency lower than 117 cps. 

Data showing the proportion of the energy which is in 
the first partials of notes played on the double bass are not 
readily available, but the proportion is probably much more 
uniform for adjacent low notes than it is for adjacent low 
notes of wind instruments. The characteristic tone of the 
instrument is, however, better maintained when emphasis 
is applied to all partials in which there is appreciable energy. 
A booming effect is less likely to be produced when appre- 
ciable emphasis is applied to all such partials than it is when 
much less emphasis is applied to third and higher partials 
and considerably more is applied to first partials. 

When a speaker and amplifier have good low-frequency 
characteristics, the bass control is probably very seldom 
adjusted for maximum emphasis because of the booming 
effect produced thereby. This booming effect may some- 
times have been blamed on the speaker or speaker enclosure. 
When the booming effect has been produced, the emphasis 
has frequently been reduced on the supposition that too 
much emphasis has been applied to the deep bass. Actually, 
only very moderate emphasis may have been applied to the 
characteristic sounds of the deep bass instruments. 

It appears that the characteristic of a bass emphasis con- 
trol, when at its maximum setting, should have appreciably 
more slope than usual between 800 and 200 cps and should 
be substantially flat at frequencies lower than 125 cps. This 
may involve the use of filter sections in cascade with inter- 
mediate amplification. 
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An External Automatic Sweep Generator for Use 
with Cathode-Ray Oscilloscopes 


ALAN BLocH 
Audio Instrument Company, New York, New York 


With a sweep voltage supplied by the new instrument, an oscilloscope automatically displays 


two cycles of the signal under observation. 


The experimenter is thereby freed from the necessity 


of adjusting the oscilloscope sweep frequency and sweep synchronization controls. The new instru- 
ment is self-contained and operates without attention. 


NE OF THE annoying characteristics of the usual 

cathode-ray oscilloscope is the necessity for fairly pre- 
cise adjustment of the sweep frequency and sweep synchro- 
nizing controls. This difficulty is relatively unimportant in 
servo work, which ordinarily involves operation at a single 
fixed frequency. In audio work, however, the problem seems 
worthy of some consideration. 

There are two conventional approaches to this character- 
istic of the oscilloscope. The experimenter can readjust the 
controls each time the signal frequency is shifted. Alter- 
natively, he can disregard this foible of the equipment and 
operate with an unsynchronized display. In either case, the 
equipment acts as a generator of aggravation—probably on 
a nonlinear basis. 

A third approach, which eliminates the aggravation, lies 
in removing the requirement for adjustment of the controls. 
The automatic sweep generator, which is described below, is 
a reduction-to-hardware of the third solution. Briefly, the 
instrument generates a constant-amplitude saw-tooth voltage 
in response to an external signal. The saw-tooth, ob- 
tained by frequency division, is at precisely one-half the 
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Fic. 1. Block diagram of automatic sweep generator. 
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Fic. 2. Trigger section. 


frequency of the external signal. When the saw-tooth signal 
is used as the linear time base for an oscilloscope, the display 
will show two cycles of the external signal. This is ac- 
complished automatically, wiizeut the need for any atten- 
tion on the part of the experimer ter. 

Figure 1 shows a block diagram of the instrument, pack- 
aged as a separate unit. The input signal feeds a trigger 
generator, which develops a recurring trigger pulse at one- 
half the frequency of the input signal. This trigger pulse 
initiates a hard-tube linear sweep which is held at constant 
amplitude by a stabilizing system. The output section con- 
tains an inverter, so that both positive-going and negative- 
going sweep signals are available. The instrument is self- 
contained, with its own power supply, and it has only one 
control—an off-on switch. 

Figure 2 shows the trigger section. The input signal is 
amplified and squared in a three-stage pentode amplifier. 
The output of this amplifier feeds a triode driver which con- 
trols a flip-flop. The output of the flip-flop is taken through 
a cathode follower and a pulse-shaping amplifier to the 


a 
| 
ee 


Trigger 7 ‘il 
i 6AQS I 


ie: SE 


Fic. 3. Hard-tube sweep cireuit. 
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Fic. 4. Output cireuit. 


sweep driver. The complete trigger section delivers a posi- 
tive trigger pulse, of standard duration and amplitude, 
having a repetition rate equal to one-half the frequency of 
the input signal. 

The instrument is normally bridged across the signal 
source which feeds the equipment under observation. In 
some cases, however, it is advantageous to bridge the sweep 
generator across the Y input of the oscilloscope with which it 
is used. With this application in mind, the instrument has 
been given a high input impedance, as shown in the lower 
left-hand detail of the input circuit on Fig. 2. The high 
impedance of the grid stopper minimizes the loading effect 
of grid admittance in the first tube, and the instrument may 
safely be bridged across signals as high as 150 volts ac peak- 
to-peak with negligible nonlinear loading of the source. 

Figure 3 shows the hard-tube sweep circuit. In conven- 
tional, or aggravating, sweep circuits, a free-running sweep 
is developed at approximately a submultiple of the fre- 
quency of the input signal. This sweep is then locked into 
synchronism. By contrast, the new instrument develops a 
triggered sweep at precisely one-half the frequency of the 
input signal. During the sweep, the upper tube is cut off. 
The lower tube, connected as a pentode, then develops a 
linear sweep voltage by drawing a constant current from 
the capacitor. Periodically, the upper tube is turned on mo- 
mentarily by the trigger pulse, thus recharging the capaci- 
tor and resetting the sweep. Sweep amplitude, the total ex- 
cursion of the voltage across the capacitor, is controlled by 
varying the control-grid bias on the lower tube. This ad- 
justment is carried out automatically by the stabilizing 
circuit. 

Figure 4 shows the output circuit, a combined cathode 
follower and unity-gain amplifier. 
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Figure 5 shows the stabilizing system, which is nothing 
more than a delayed and amplified AGC circuit. The sweep 
signal is dce-restored, by capacitor X and diode A, so that 
its positive peak is at a level E, determined by the screw- 
driver setting of the potentiometer. Diode B prevents posi- 
tive signals from reaching the grid of the first triode. The 
amplifier therefore receives negative pulses, at the sweep 
frequency, whose amplitude is proportional to the amount 
by which the total excursion of the sweep exceeds E. These 
pulses are amplified, dc-restored by capacitor Y and diode C, 
and rectified by diode D. The resulting negative voltage is 
then filtered and used as the amplitude-controlling grid bias 
for the sweep tube. 


As in any other piece of automatic equipment, painless 
use is obtained at the cost of painful design. For example, 
the trigger section must be designed with some finesse; 
otherwise the phase of the trigger pulse with respect to the 
input signal will be shifted by both noise and hum, and the 
oscilloscope picture will be subject to horizontal jitter. The 
screen supply for the sweep tube, the lower pentode in Fig. 
3, must be filtered to avoid modulation of the sweep voltage. 
It must also be regulated to preserve linearity of the sweep. 
Finally, the stabilizing system must be made quiet, both to 
avoid modulation of the sweep signal and to ensure that 
the bias voltage is responsive only to sweep amplitude; 
either hum or noise in the stabilizing system will ultimately 
appear as amplitude-control bias. 

One further difficulty arises from the fact that the stabil- 
izing system is a closed feedback loop. Consider the ampli- 
tude-control signal at the control grid of the sweep tube. 
This actually effects amplitude modulation of the sweep 
voltage, which may be thought of as a nonsinusoidal car- 
rier. The modulated carrier is amplified in the stabilizing 
system, which may be considered as a class C amplifier op- 
erating on an amplitude-modulated pulse train, and then 
detected to recover the modulating signal. The recovered 
modulating signal is finally applied to the control grid of 
the sweep tube, which closes the feedback loop. 


With a 20-cps input signal, the sweep frequency is only 
10 cps. The resulting amplitude-modulated pulse train, 
with a pulse repetition rate of 10 cps, cannot be modulated 
at frequencies much higher than 3 cps. The high-frequency 
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response of the stabilizing system therefore rolls off sharply 
at a frequency which depends on the frequency of the input 
signal, but which may be nearly as low as 3 cps. This 
rolloff is, unfortunately, accompanied by a phase shift which 
causes the system te oscillate, resulting in time variation of 
the width of the display. The problem is solved by proper 
design of the filter, which rolls off the high-frequency re- 
sponse in an acceptable way, starting at a point well below 
3 cps. Achieving an acceptable rolloff without introducing 
at the same time an unduly long stabilizing time constant 
was the major design problem encountered. 

In practice, the input of the sweep generator is bridged 
across the signal source which feeds the equipment under 
test. Alternatively, it may be bridged across the Y input 
of the oscilloscope being used. The output of the instru- 
ment is then fed to the X input of the oscilloscope as an ex- 
ternal sweep. Both positive-going and negative-going out- 
puts are available, either single-ended or push-pull. 

The horizontal gain control of the oscilloscope no longer 
requires repeated adjustment. Like the brilliance, focus, 


and positioning controls, it can be set once and thereafter 
left alone. The various sweep frequency and sweep synchro- 
nizing controls are no longer active; their functions are 
taken over by the circuits of the automatic sweep generator. 


The experimenter is then left with nothing to adjust except 
the vertical gain control. Such aggravation as results from 
the test equipment is thereby markedly attenuated at the 
source. 

Because the instrument requires no adjustment, it permits 
the experimenter to keep a signal under continuous detailed 
observation while the frequency is varied, so long as the 
fundamental frequency remains between 20 and 50,000 cps. 

One obvious application is in amplifier work. It is still 
desirable to make detailed gain and distortion measurements 
in the usual way. For preliminary work, however, a great 
deal can be learned by simply observing the output ampli- 
tude and wave form while a constant-amplitude input signal 
is tuned across the audio spectrum. A test of this sort can 
now be carried out easily and quickly without touching any 
of the oscilloscope controls except, possibly, the vertical gain 
control. 

Although the advantages are not so striking as in the ap- 
plication described above, the new sweep generator is also 
useful in cases where the signal frequency remains fixed 
while the amplitude is varied. Initial setting of the sweep 
frequency controls is eliminated, as is readjustment of the 
sweep synchronizing controls with every large change in 
signal level. 
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On August 10, 1954, Harold T. Sherman died, after a 
long illness, at Roosevelt Hospital in New York City. His 
passing brings to a close a long career in audio. 

Mr. Sherman was born in 1904 at Middletown, Connecti- 
cut. He studied electrical engineering at the Pratt Institute 
in Brooklyn, and in 1921 and 1922 he served as radio ser- 
geant in the Connecticut National Guard. From 1922 to 
1930 he was engaged in the electrical trade in New York, 
and in 1930 he joined the Hoovenaire Corporation of New 
York as sales manager. Mr. Sherman was president of the 
Blackhawk Sound Corporation from 1932 to 1934, and presi- 
dent of the Sherman Sound Studios in New York during 
1935 and 1936. During the following seven years he was 
associated with the National Sales Engineering Department 
of Dictaphone Corporation. 

During this time he became a victim of a serious and 
stubborn case of diabetes which drained both his health and 
resources. He was forced to give up his work, and, in 
the interval that followed, his wife, Editta, turned her 
hobby of portrait photography into a money-making career. 
In 1946 the Shermans opened the Sherman Studio in New 
York, with Mr. Sherman acting as business manager and 
contact man for his wife’s work as a celebrity photographer. 

In addition to this taxing work, he remained active in the 
audio field, and, despite growing blindness and ultimately 
total blindness, he continued this work until his final illness. 
One of the original workers on small-area condenser micro- 
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phones, he held several patents relating to microphones and 
control circuits. 

Harold Sherman’s last and greatest interest was the de- 
velopment of stereophonic recording and reproduction; he 
held several patents on stereophonic systems. A pioneer in 
two-channel stereophonic broadcasting and reproduction (or 
“binaural,” as it is often called), Mr. Sherman initiated 
an active crusade in the broadcasting field and in audio gen- 
erally on behalf of stereo. He served as consultant to radio 
stations WNYC and WQXR in New York City on problems 
of multichannel broadcasting and acted as liaison officer be- 
tween the Audio Engineering Society and WQXR in connec- 
tion with the two-channel transmission held in conjunction 
with the Audio Fair of 1952. 

Mr. Sherman was an active member of the IRE from 1939 
to 1942. In recognition of his work for the AES and in 
multichannel broadcasting, he received a posthumous citation 
from the AES, presented to Mrs. Sherman. In addition to 
his wife, he is survived by four sons, Kenneth, Lloyd, Robert, 
and Bradley, and a daughter, Carolyn. 

Harold Sherman was indeed a remarkable man to be able 
to remain so vitally interested and active in both his audio 
work and in Sherman Studio, despite overwhelming troubles. 
His enthusiasm and experience will be sorely missed in the 
audio field, and it is regrettable that he could not live to see 
the full fruition of the multichannel stereophonic broadcast- 
ing and reproduction to which he was so dedicated. 
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AES News 


Election of AES Officers 


The board of tellers of the AES reports the following results in the 
elections for officers for 1954-1955: 

President: 
Executive Vice-President: 
Central Vice-President: 
Western Vice-President: 
Secretary: 
Treasurer: 
Governors: 


MY ROR SRS 


E. W. Franck 
The three governors elected will serve a two-year term. Governors 
currently serving whose terms expire in 1955 are L. J. Scully, W. O. 
Stanton, and W. J. Offenhauser, Jr. (replacing R. H. Ranger, who was 
elected executive vice-president). In addition, the retiring president, 
Jerry B. Minter, and the editor, Vincent Salmon, also serve on the 
board of governors. 


San Francisco Section Elects Officers 


The San Francisco Section held its annual election meeting on 
September 13, 1954. The following officers were elected: 
Chairman: William J. Rolly 
Vice-Chairman; J. H. Cox 
Secretary: Robert C. Acker 
Governors: Bob H. Smith, Harold Lindsay, Vincent Salmon. 


The Presidents’ Reports 


Your past president, Jerry B. Minter, reports that: 

Each new incoming president plans to achieve many things. At the 
end of his term it usually seems appropriate to mention those which 
have been achieved successfully. Unlike political candidates, I do not 
feel compelled to restate these few accomplishments. Rather, it is 
some of the unaccomplished goals which I wish to emphasize. 

First, the AES needs a full-time office staff to furnish adequate 
secretarial services so necessary for active participation in standardiza- 
tion, conventions, section meetings, student affairs, and many other 
proper business matters. The mechanical details of mailing notices 
of dues, of noting payments, and of recording changes in addresses 
occupy a considerable portion of our present part-time employee. 
Our membership is continuing to grow; our prestige is on the increase, 
both here and abroad. Only bv providing a full-time office staff can 
adequate service be made available to our members. 

During the past year I have made efforts to explore prospects for 
financing such a staff. One hopeful method lies in the sale of standard 
test media, such as test records, test tapes, etc. Another approach is 
to expand our membership by stimulating the membership committee. 
I report a lack of agreement on the part of many AES members as 
to how such financial matters should be soived. 


Next, I wish to ask your cooperation with our new editor of the 
Journal, Vincent Salmon. Our original editor, Lewis S. Goodfriend, 
has resigned after serving faithfully for the first two years of pub- 
lication. Mr. Goodfriend has been frequently complimented on the 
style, format, and general excellence of the Journal. Since Mr. Salmon 
has previously been an associate editor, he is therefore well qualified 
to fill this new assignment. You can help him by forwarding news 
about AES members, offering manuscripts for publication, and writing 
in to him with suggestions for a bigger and better Journal. Again, 
and most important, please help your papers committee to secure 
better papers for the local section meetings and the annual convention. 

If you wish to see your Society progress, please feel free to offer your 
services in cooperation with our new officers. You may rest assured 
that they need your help. 

On my own behalf I wish to express my appreciation for the help 
and cooperation you have given to the AES during the past year. 

Jerry B. Minter 


Your new president, Albert A. Pulley, reports that: 

As your next president, I am exceedingly conscious of the respon- 
sibilities of the office of president to the Society, the audio engineering 
profession, and the industry. This Society was conceived for and 
dedicated to the dissemination of information in the field of audio 
engineering to the engineer, the industry, and the layman, so that 
they may be kept informed of new developments and practices. 

This I propose to carry on to the best of my ability, and I am quite 
sure that, with the help of the incoming officers and the membership, 
the excellent work done under past leadership will be carried on so 
that we will be of even greater service to the profession and industry. 

A. A. Pulley 


1954-1955 Committee Chairmen 


The following have been appointed as committee chairmen for the 
year 1954-1955: 
Admissions: Ernest W. Franck 

432 Courtland Ave. 

Glenbrook, Connecticut 
Awards: Sherman M. Fairchild 

30 Rockefeller Plaza 
New York 20, New York 
Constitution and By-Laws: Vincent J. Liebler 

Columbia Records 

799 Seventh Ave. 

New York 19, New York 
Richard H. Ranger 

73 Winthrop St. 

Newark, New Jersey 
E. V. B. Kettleman 

RCA Victor 

155 East 24th St. 

New York 10, New York 


Convention: 


Employment Register: 
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Lawrence J. Scully 

Scully Machine Co. 

62 Walter St. 

Bridgeport, Connecticut 
Chester A. Rackey 

National Broadcasting Co. 

30 Rockefeller Plaza 

New York 20, New York 
Julius B. Postal 

Tele-Science Productions 

8 State Street 

New York 4, New York 
Jerry B. Minter 

Box No. 1, Essex Ave. 

Boonton, New Jersey 
Clair D. Krepps 

MGM Records 

701 Seventh Ave. 

New York, New York 
Carleton R. Sawyer 

16 Blackburn Place 

Summit, New Jersey 
Emory G. Cook 

101 Second St. 

Stamford, Connecticut 
C. J. LeBel 

P. O. Box 12 

Old Chelsea Station 

New York 11, New York 
Frederick W. Roberts 
c/o Dictaphone Corp. 
375 Howard Ave. 
Bridgeport, Connecticut 


Historical: 
Lecture Course: 


Nominations: 


Papers Procurement: 


Publications: 
Public Relations: 


Sections: 


Standards : 


Future Meetings 

Los Angeles Convention and Audio Fair 

The Los Angeles section of the Audio Engineering Society will hold 
its annual banquet on Wednesday evening, February 9, 1955, in con- 
junction with the Audio Engineering Convention and Audio Fair 
scheduled for February 11-13 at the Alexandria Hotel in Los Angeles. 
This banquet will be the first officially organized affair of the Audio 
Engineering Society on the West Coast, and all ethibitors, manufac- 
turers, distributors, and those interested in audio engineering are wel- 
come to attend. The evening’s program includes entertainment, 
installation of officers, and presentation of awards. 


American Society of Mechanical Engineers 

A meeting of the American Society of Mechanical Engineers will be 
held in New York City on February 16, 1955. Vannevar Bush, presi- 
dent of The Carnegie Institution of Washington, will deliver the 
closing address at the all-day conference devoted to the theme, “The 
Engineer and the World of Communications.” The meeting will be 
devoted to an inquiry into the relationship of the engineer to the field 
of communications in all media. 


AES Disk Standard Approved 


The Standard Playback Characteristic for Lateral Disk Recording, 
AES: TSA-1-1954, was given final approval by the board of gov- 
ernors of the Audio Engineering Society on June 15, 1954, after it 
had received a three-months’ trial. It has been formally submitted 
to the American Standards Association with the request that it be 
processed as an American Standard. 
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Description and curves for this standard are given in the Jan- 
uary, 1954, issue of the AES Journal (Vol. 2, No. 1). 


AES Employment Register 


The AES Employment Register Committee welcomes “Situations 
Wanted” and “Positions Available” notices. There will be no charge 
to members of the AES. All correspondence should be directed to: 

Mr. E. V. B. Kettleman, Chairman 
Employment Register Committee 
Audio Engineering Society 

P.O. Box 12, Old Chelsea Station 
New York 11, New York 


Situations Wanted 
Audio Research Engineer. Fifteen years’ experience in microphone 
development, 5 years’ experience in the physics of precious metals. 
Desires appropriate position in metropolitan New York or elsewhere. 
Send reply to Mr. E. V. B. Kettleman at the above address. 


Section Meetings 


CoLuMsBus 
Chairman: J. E. Anderson 


Secretary: William E. Parker, 1271 Republic Ave., Columbus, Ohio 


Paper: Discussion and tour of Bell Sound Systems, Inc., led 
by William H. Bunce, Bell Sound Systems, Inc., May 
19, 1954. 


Los ANGELES 
Chairman; Herbert E. Farmer 
Secretary: Daniel H. Weigand, 3122 West 152 Place, Gardena, Cal- 
ifornia 
Papers: Discussion and tour of Berlant Associates, led by 
Emmanuel Berlant, Berlant Associates, August 31, 1954. 


New York 
Papers: “Problems of Mass Duplication of Tapes, Caused by Tape 
Stock and Inadequacy of Tape Recording Standards,” 
Julius Konins, The Dubbings Co., Inc., September 28, 
1954. 


San Francisco 

Chairman; William J. Rolly 

Secretary: Robert C. Acker, 1434 Grizzly Peak Blvd., Berkeley 8, 
California 

Papers: “Practical Commercial Tape Duplicator,” Ross H. Snyder, 
Ampex Electric Corp., September 13, 1954. 

“The Electrostatic Loudspeaker,” B. H. Smith, Radiation 

Laboratory, University of California, October 11, 1954. 


RENSSELAER POLYTECHNIC INSTITUTE 
Chairman; Thomas Hill 
Secretary: John D. McKendree, 30 Eighth St., Troy, New York 
Paper: “This Is Gotham” (film), September 29, 1954. 


JAPAN 
Acting John H. Nakamura, 29 ligurakatamachi Azabu Minato-ku, 
Secretary: Tokyo, Japan 
Papers» “Binaural Disk Reproduction,” Mr. Wada; “A New Two- 
Speed Transcription Turntable,” Mr. Tani, February 
28, 1954. 
“Binaural Disk Reproducing Equipment,’ H. Nakamura; 
“Cook Binaural Recording,” Mr. Klein, May 5, 1954. 
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Noise Control 


The growing problem of noise and its effect on people has created 
a definite need for current, useful, and authoritative information for 
those who cope with noise problems. To fill this need the Acoustical 
Society of America is sponsoring a new publication, NOISE Control, 
with the cooperation of noise abatement organizations, the acoustical 
materials industry, medical associations, municipal authorities, health 
agencies, insurance companies, and many industrial companies that 
have noise problems in their plants and offices. 

To be issued bimonthly, with the first issue appearing in January, 
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1955, NOISE Control is written and edited for people who have noise 


acoustics. 


problems but whose background is not necessarily in the field of 


According to its editor, Lewis S. Goodfriend, a member of the 
AES and former editor of its Journal, NOISE Control will cover such 
subjects as noise hazards in industry, machinery noise reduction, legal 
problems, noise control research, and instrumentation for noise 
measurement and the testing of hearing. Further information may 


be obtained from: NOISE Control, 57 East 55th St., New York 22, 


New York. 


Aran Btocn’s biography appears in the 
January, 1953, issue of the Journal (Vol. 1, 
No. 1, p. 168). 


Cc. C. Davis 


Cuar.es C. Davis was born in Fenton, Mich- 
igan. He became interested in amateur wire- 
less and later held a commercial first-grade 
operator’s license. He attended the University 
of Michigan until joining the A.E.F. in 1917. 
His two years in France included attendance 
at the University of Toulouse. 

With the advent of radio broadcasting, he 
became primarily interested in sound repro- 
duction. After associating with Frank D. 
Fallain to found the Flint Broadcasting Com- 
pany, he left to join Electrical Research 
Products, Inc., when sound pictures were 
generally introduced in 1928. After a time 
in the theater engineering field, he was trans- 
ferred to the ERPI office in New York and 
later to Hollywood. He has been with them 
and their successor, the Westrex Corporation, 
at their Hollywood office since 1940, except 
for an interval in World War II when he 
engaged in radar work for the Radio Division 
of Western Electric. 

His work has resulted in many U. S. and 
foreign patents, which include film and disk 
drive mechanisms and magnetic decouplers 
used to reduce inductive crosstalk between 
multiple-track magnetic heads. His tight- 
loop film drive mechanism is used extensively 
and was given an award in 1947 by the 
Academy of Motion Picture Arts and Sci- 
ences; it has become known as the Davis 
drive. He is a member of the Sapphire 
Group of Hollywood and the SMPTE, for 
whom he has written several papers. 
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Jutius FUTTeERMAN 


Jvutrus Futrerman was born in New York 
City in 1907 and studied in New York City 
schools. He took courses in advanced dc and 
ac theory and mathematical analysis at Rut- 
gers University in 1943 and 1944. 

From 1942 to 1947, Mr. Futterman worked 
as a civilian radio engineer for the Signal 
Corps at Ft. Monmouth, N. J., specializing 
in the design and development of test equip- 
ment for use by the armed forces. 

Since then he has worked for Precision 
Apparatus Co., Glendale, New York. At the 
present time he is a project engineer in the 
development of test equipment there. Among 
the instruments he has helped design are a 
sweep-signal generator, an oscilloscope, and 
a sine- and square-wave audio-video signal 
generator. 

Mr. Futterman holds a patent for a high- 
voltage pulse generator and has several other 
applications on file. 


Joseru F, Houpek, Jr. 


Joseru F. Hovupek, Jr., was born in Chicago, 
Illinois, on May 10, 1908. He received a 
BS.AS. degree in physics and chemistry 
from the Lewis Institute in 1934 and did 


graduate work in nuclear physics, X-ray 
theory and applications, electrical engineer- 
ing, acoustics, and industrial engineering and 
management at the University of Chicago 
and the Illinois Institute of Technology. 

From 1927 to 1931 he was employed by 
the Illinois Bell Telephone Company. From 
1934 to 1937, as a consulting engineer and 
orchestra leader, Mr. Houdek was concerned 
with crystal microphones, their performance 
as an orchestra pickup device, and their effect 
on amplifier design. He was engaged pri- 
marily with X-ray and electromedical ap- 
paratus while employed by the General 
Electric X-Ray Corporation from 1937 to 
1941. 

In 1941, Mr. Houdek joined the labora- 
tories of the Kellogg Switchboard and Supply 
Company as a research engineer and shortly 
thereafter was made supervisor of the Tele- 
phone Research and Development Group. In 
1951 he was appointed section head of the 
Research Laboratory and in 1954 became 
chief of the General Laboratory. 

Mr. Houdek is a registered professional 
engineer, chairman of the communications 
committee, Chicago Section AIEE, a found- 
ing and executive council member and treas- 
urer of the Chicago Acoustical and Audio 
Group, and a member of the AFCA and 
Physics Club of Chicago. He is the author 
of several technical papers, holds a number of 
patents on wire communications apparatus, 
and is an active musician. 


C. J. LeBet’s biography appears in the Octo- 
ber, 1953, issue of the Journal (Vol. 1, No. 4, 
p. 329). 


Cuartes D. Lrypripce was born in Hastings, 
England, in 1886. He received his formal 
education at St. John’s College, Hurstpier- 
point, England, and studied music before 
taking up work in the Bell Telephone Sys- 
tem in the United States in 1906. He had 
two audio patents issued before 1913 and 
described an audio amplifier in Telephone 
Engineer, September, 1912. This was the 
first publication of the use oi a triode for 
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Cuar.es D. Linprivce 


this purpose in the United States, previous 
disclosures having related to the use of the 
triode for detection only. Mr. Lindridge was 
an officer in the Office of the Chief Signal Of- 
ficer in Washington in 1918. He provided Dr. 
Lee de Forest with loudspeakers for the 
showing of the Phonofilm in 1923, and 
demonstrated an electronic musical instru- 
ment in 1930. 

Since retiring from the Bell Telephone 
Laboratories in 1951, Mr. Lindridge has 
had four applications relating to music re- 
production filed in the Patent Office and 
has other applications now in process. He 
is a member for life of the AIEE, a retired 
member of the Acoustical Society and a 
member of the AES. 


Everett G. May 


Everett G. May was born in Iowa in 1921. 
He attended Kansas Wesleyan University and 
Kansas State College. In 1941 he was em- 
ployed by Bendix Aviation Ltd. in North 
Hollywood, California. Trojan Powder Com- 
pany was his employer from late 1941 to 
1943 at Sandusky, Ohio, in the Plum Brook 
Ordnance Works. Returning to Kansas State 
College, he received his B.S. degree in elec- 
trical engineering in 1945. From 1945 to the 
present Mr. May has been with the RCA 
Laboratories, Princeton, N. J., as a research 
engineer in the acoustical laboratory. He 
received his M.S. degree in electrical engineer- 
ing from Princeton University in 1947. Mr. 
May is a member of the Acoustical Society 
of America. 
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Joun T. MULLIN 


Joun T. Mu titn was born in 1913 in San 
Francisco, California. In 1936 he graduated 
from the University of Santa Clara with a 
B.S. degree in electrical engineering. He was 
employed by the Pacific Telephone and 
Telegraph Company in the engineering de- 
partment in San Francisco. In 1941 he re- 
ceived a leave of absence to enter the Army. 
A major in the Signal Corps, he investigated 
enemy electronic developments, returning to 
civilian status in 1946. He became associated 
with W. A. Palmer Films in San Francisco 
where he worked with film, disk, and tape, 
and was one of the first to introduce high- 
quality tape recording equipment to the 
broadcasting industry via the Bing Crosby 
Radio Show on the ABC network in 1947. 
Since that time he has been associated with 
Bing Crosby Enterprises in Los Angeles and 
at present is chief engineer of the electronics 
division and heads a group doing research in 
video recording on magnetic tape. 

Mr. Mullin, the inventor of several de- 
vices concerned with the field of recording, 
including the “30-50” automatic sound slide 
film projector, holds several patents in the 
video tape recording field. He is a Fellow 
of the AES, a member of the IRE, and an 
associate member of the SMPTE, and has 
presented several papers before each of these 
organizations. 


Harry F. OLson 


Harry F. Otson was born in Mount Pleas- 
ant, Iowa, in 1902. He received his BS. 


degree in 1924, MS. degree in 1925, Ph.D. 
degree in 1928, and E.E. degree in 1932 
from the University of Iowa. From 1928 to 
1930 he was in’ the research department of 
Radio Corporation of America, from 1930 to 
1932 in the engineering department of RCA 
Photophone, and from 1932 to 1941 in the 
research division of RCA Manufacturing 
Company. Since 1941 Dr. Olson has been 
with the RCA Laboratories, Princeton, N. J. 
He is director of their acoustical and electro- 
mechanical laboratories. 

Dr. Olson is a member of Tau Beta Pi and 
Sigma Xi. He is a Fellow of the SMPTE, 
the American Physical Society, the IRE, the 
Acoustical Society of America and is past 
president of the Acoustical Society of Amer- 
ica. Dr. Olson is a Fellow of the AES and 
was the first recipient of the John H. Potts 
Memorial Award (1949). 


JouHN PRESTON 


Joun Preston was born in England and 
attended Manchester Scientific Institute. He 
joined the staff of the Bolton Power and 
Electrical Company. In 1929 he joined the 
Radio Corporation of America. Mr. Preston 
was associated with the research department 
of RCA Victor from 1930 to 1935, the re- 
search department of RCA Manufacturing 
Company from 1935 to 1941. He has been 
with RCA Laboratories, Princeton, N. J., 
from 1941 to date. He is a member of the 
Acoustical Society of America and a Fellow 
of the AES. 


H. M. Tremarne’s biography appears in the 
Tuly, 1953, issue of the Journal (Vol. 1, No. 
3, p. 269). 


Biographies of B. B. BAver, L. Gunter, and 
E. SEELER will appear in the January issue 
of the Journal. 
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To AES members: Please help the Society grow by passing this blank on to a business associate, co-worker, 
friend or acquaintance who works in audio (or is interested in audio) and by acting as his or her sponsor. 


Application For Membership 


AUDIO ENGINEERING SOCIETY 


P. O. Box 12, Old Chelsea Station, New York 11, N. Y. 


(Check for dues must accompany application) 
All information should be printed or typed. 


I desire by ecicosnenting . the Audio Engineering Society. Grade desired 


Occupation 


Present Duties 


Member of Other Societies............ 


Give Names or Abbreviations, and Grade of Membership =—ss—<“i‘“<‘<‘<;<S S*'‘( 


SCHOOL ATTENDED 


REFERENCES 
While it is preferable for the references to be Society members, this is not indispensable. 


Company Name and Address 
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Signature of Sponsoring Member, if any 
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ADMISSION REQUIREMENTS 


A MeEmper, according to the constitution, may be any 
person active in audio engineering who has an academic 
degree or its equivalent in scientific or professional ex- 
perience in audio engineering or in a closely related field 
or art. Such a person shall, upon election, be entitled to 
all the rights and privileges of the society. 


An Associate MEMBER may be any person interested 
in the objectives of the Audio Engineering Society and, 
upon election, shall become entitled to all the rights and 
privileges of the Society except the right to vote or hold 
office or chairmanship of standing committees. 


A StupENT MEMBER may be any student. interested in 
audio engineering and enrolled in a recognized school, 
college, or university. A StupENT MEMBER is not eligible 
to vote or to serve on committees except in his own local 
chapter. 


Dues, according to the following schedule, should be 
enclosed with the application: 


NUMBER OF 
DUES* REFERENCES 
GRADE A B REQUIRED 
Member $3.75 $7.50 3 
Associate 3.00 6.00 2 
Student 1.50 3.00 1 


* If date of application is October 1 to March 31, use Column B; 
if date is April 1 to September 30, use Column A. 


THE PURPOSE OF THE SOCIETY 


The Audio Engineering Society is the organization rep- 
resenting the profession whose field is the recording, trans- 
mission, and reproduction of those frequencies audible to 
the human ear. Its objects are the advancement of the 
theory and practice of audio engineering and its closely 
related arts, and the dissemination of important informa- 
tion in this field to its membership. The Society seeks to 
continue the progress which has been made in audio en- 
gineering since the days of the original telephone and 
continuing through the early microphones, loudspeakers, 
and amplifying devices. Many of the electronic develop- 
ments familiar to us today, such as broadcasting, sound 
motion pictures, and radiotelephony, had their beginnings 
in audio engineering. 


Each year the Society gives the following awards: The 
Emile Berliner Award to a person who has made an out- 
standing development in the field of audio engineering, 
the John H. Potts Memorial Award to the person who has 
made an outstanding contribution to the improvement 


of audio engineering (preferably in the previous year), 
and the Audio Engineering Society Award to the person 
whose work has helped most the advancement of the 
Society in the past year. Honorary Memberships and 
Fellowships are awarded for past contributions to the 
profession. 


PUBLISHING 


Papers presented before conventions or meetings of the 
Society are often published in the Journal of the Audio 
Engineering Society, which is sent quarterly, without 
charge, to all members. Back issues of the Journal are 
available at reduced member prices. Occasional mailings 
are also made of news notes for members. 


MEETINGS AND SECTIONS 


The Audio Engineering Society holds conventions in 
the fall and winter of each year, during which technical 
papers are presented and exhibits made by manufacturers 
of equipment used in the audio field. No charge is made 
to members for admission to the convention. In addi- 
tion, local sections have been organized in various parts 
of the country, and abroad, which meet regularly for the 
presentation of technical papers and discussion of sub- 
jects of interest. Those members desiring to learn of 
sections in their vicinity or to form new sections should 
correspond with the Secretary. 


COMMITTEES 


The following committees are now active within the 
Society: Admissions; Awards; Constitution and By- 
Laws; Convention; Cooperative Research; Educational 
Standards; Employment Register; Finance; Historical: 
Lecture Course; Membership; Nominations; Papers Pro- 
curement; Publications; Public Relations; Sections; 
Standards. Qualified members wishing to serve on any of 
these committees should address the chairman of the 
committee involved, giving full details of their relevant 
experience. 


OFFICERS 


The Society annually elects a President, Executive 
Vice-President, Central Vice-President, Western Vice- 
President, Secretary, and Treasurer for one-year terms, 
and three members of the six-man Board of Governors 
for a two-year term. 


PLEASE DO NOT WRITE IN THIS SPACE 


Application Dues Pay- 
to Admissions ment to 
Committee Treasurer 


Application Amount 
Received Received 


Application | Date Membership 


| 
Approved by Approved Card 


| 
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The Seventh Annual Convention of the Audio Engineering 
Society will be held in October, 1955. 


Persons desiring to submit papers on audio or any pertinent, 


related subjects should communicate as soon as possible with the 


Chairman, Convention Program Committee, 
Audio Engineering Society 
P. O. Box 12 
Old Chelsea Station 
New York 11, N. Y. 
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SUSTAINING MEMBERS 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Artec Lansinc CorporATION 
AMPEX CORPORATION 
Avupio Devices, INc. 


AvupIo 
Aupio & Viveo Propucts CorporaTIon 
Bett Sounp Systems, INc. 

Davip Bocen Co., INc. 

BritisH _[Npustries CorPoRATION 
Carrroi Recorps, INc. 
Co._umBiA Recorps, INc. 
COMPONENTS CORPORATION 
Tue Daven ComPpaNy 
DictaPHONE CORPORATION 
E.ecrro-Voice INCORPORATED 
Gates Rapio ComPpANY 
GotHaM RECORDING CORPORATION | 
Harvey Rapio Company, INc. 
HicH Fieuiry 

y MAGNECcorD, INc. 

McIntosH Lasoratory, INc. 
MEASUREMENTS CORPORATION 
PERMOFLUX CORPORATION 
Pickerinc & Company, INc. 
Presto RecorDING CorPORATION 
Reeves Sounp Srupnios, Inc. 
Reeves SOUNDCRAFT CORPORATION 
Recency Division or I.D.E.A., INc. 
Rex-O-Kut Company 
TERMINAL Rapio CorporaATION 
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